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la  worsened  when  major  signal  parameterH  (pulse  width  and  time  of  arrival)  are 
not  known.  The  purpoae  of  this  program  waa  to  develop  an  exploratory  develop- 
ment model  of  a ayatem  to  detect  the  presence  of  low  SNR  signals,  on  a single 
pulse-by-pulae  baala. 

The  technique  chosen  for  this  program  was  the  use  of  the  Walsh  Transform  as 
the  basis  for  a two  transform  digital  filter.  This  technique  had  previously 
been  demonstrated  both  In  software  and  In  breadboard  hardware  form  by  AEI.  as 
a result  of  In-houae  IR&D  programs.  'ITils  program  was  to  further  develo|)  the 
technique  and  to  fabricate  a unit  suitable  lor  test  and  evaluation  purposes 
against  a variety  of  potential  applications.  The  system  name,  Walsh  Adaptive 
Filter  (WAF),  was  derived  from  the  use  of  a Walsh  transform  to  adaptively 
filter  signals  of  varying  pulse  widths  and  repetition  rates. 

An  exploratory  developawnt  model  was  fabricated,  tested  and  delivered  to  RADC.^ 
The  testing  conducted  prior  to  delivery  indicated  Improvements  over  conven-  * 
tlonal  threshold  detection  of  1.5  to  9.3  db  In  pulse  detection  sensitivity, 
dependent  upon  pulse  width,  probability  of  detection  and  false  alarm  rate. 

The  system  operates  upon  a post  detectlm  video  signal  and  generates  a 
filtered  version  of  the  Input  signal  in  real  time  using  a pipeline  processor. 
The  WAF  System  operates  as  a filter  to  be  installed  typically  between  a 
receiver  and  signal  processing  equipment.  The  filtering  algorltlim  using 
Walsh  Transforms  Is  described  In  detail  In  Appendix  A of  this  report. 
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EVALUATION 


This  program,  entitled  Walsh  Adaptive  Filter,  v«s  implemented  to 
provide  the  Air  Force  with  an  Improved  capability  to  detect  pulse  type 
signals  in  a high  noise  environment. 

The  principal  mode  of  operation  is  a post  detected  video  output  of 
any  typical  microwave  ELINT  or  ESM  receiver. 

The  exploratory  development  model  will  be  used  to  determine  the 
applicability  of  the  Walsh  technology  in  various  Air  Force  applications. 

It  will  be  first  evaluated  in  house  at  RADC  to  determine  its  applicability 
to  TPO  RlA  data  and  problems.  Following  this  it  will  be  made  available 
to  other  DoD  organizations  requesting  it  for  testing  the  technology 
in  their  particular  areas. 

A follow  on  program  to  tailor  the  technology  for  a particular  Air 
Force  application  is  contemplated  under  TPO  RlA. 
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A common  problem  in  the  area  of  signal  processing  is  that  of  the  detection  of 
pulse  signals  having  very  low  signal-to-noise  ratios  (SNR).  This  problem  is 
worsened  when  major  signal  parameters  (pulse  width  and  time  of  arrival)  are  not 
known.  The  purpose  of  this  program  was  to  develop  an  exploratory  development 
model  of  a system  to  detect  the  presence  of  low  SNR  signals,  on  a single  pulse-by- 
pulse basis. 

The  technique  chosen  for  this  program  was  the  use  of  the  Walsh  Transform 
as  the  basis  for  a two  transform  digital  filter.  This  technique  had  been  demonstrated 
both  in  software  and  in  breadboard  hardware  form  by  AEL  as  a result  of  in-house 
IR&D  programs.  This  program  was  to  further  develop  the  technique  and  to  fabricate 
a unit  suitable  for  test  and  evaluation  purposes  against  a variety  of  potential 
applications.  The  system  name,  Walsh  Adaptive  Filter  (WAF),  was  derived  from 
the  use  of  a Walsh  tranform  to  adaptively  filter  signals  of  varying  pulse  widths  and 
repetition  rates. 

An  exploratory  development  model  was  fabricated,  tested  and  delivered  to 
RADC.  The  testing  conducted  prior  to  delivery  indicated  improvement  over  con- 
ventional threshold  detection  of  1. 5 to  9. 5 db  in  pulse  detection  sensitivity  de- 
pendent upon  pulse  width,  probability  of  detection  and  false  alarm  rate.  The  overall 
performance  of  the  system  can  only  be  determined  by  the  tests  to  be  performed  by 
RADC  although  the  preliminary  tests  were  successful. 


The  system  operates  upon  a post  detection  video  signal  and  generates  a filtered 
version  of  the  input  signal  in  real  time  using  a pipeline  processor.  The  WAF 
System  operates  as  a filter  to  be  installed  typically  between  a receiver  and  signal 
processing  equipment.  The  filtering  algorithm  using  Walsh  Transforms  is  described 
in  detail  in  Appendix  A of  this  report. 

llie  unit  developed  under  this  contract  has  proven  the  technique.  The  next 
development  step  would  be  to  produce  advanced  development  models  incorporating 
new  features  and  ideas  that  were  conceived  during  the  test  and  evaluation  phase. 
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Section  I 
INTRODUCTION 

This  final  technical  repi^rt  dot'uments  the  clesifn^  and  development  of  an  explora- 
tory development  model  of  the  Walsh  Adaptive  Filter  under  contract  P’;i()(>02-7(i-C- 
0299  for  the  U.  S.  Air  Force  Rome  Air  Development  Center  (RADC). 

The  contract  called  for  the  development  of  an  adaptive  filter,  based  on  the  Walsh- 
Hadamard  transform,  which  would  enhance  the  signal-to-nolse  ratios  of  pulse  type 
signals.  The  filter  is  required  to  operate  with  no  a-priorl  knowledge  of  pulse  width, 
amplitude,  or  time  of  arrival.  System  outputs  are  available  as  both  a reconstructed 
video  signal  and  a delayed  and  gated  video  input.  The  unit  was  designed  for  use  in 
feasibility  studies  in  both  laboratory  and  controlled  field  environments. 

Ole  exploratory  development  model  was  delivered  to  RADC  in  December  1977. 
This  model  met  or  exceeded  all  contract  specifications. 

The  Walsh  Adaptive  Filter  (WAF)  uses  a filtering  algorithm  which  was  developi'd 
by  American  Electronic  Laboratories,  Inc.  (AEL)  during  two  company  sponsoreti 
IR&D  programs,  each  of  one  year  duration.  The  first  IR&D  program  was  the  theo- 
retical and  empirical  development  of  the  algorithms  using  computer  simulations. 

The  second  IR6D  program  sponsored  the  design  and  fabrication  of  a breadboard  fil- 
ter unit  which  was  used  to  prove  feasibility  and  for  demonstration  purposes.  The 
design  of  the  Walsh  Adaptive  Filter  was  derived  from  this  breadlxnird  unit. 

Section  n of  this  final  report  discusses  the  theory  of  operation  of  the  WAF 
system.  A detailed  description  of  the  unit  is  given  in  Section  III  while  Section  IV’ 
discusses  operating  procedures  and  applications.  The  teat  results  are  documented 
in  Section  \’  and  AEL's  conclusions  and  recommendations  are  given  in  Section  V'l. 
Appendix  A is  an  extensive  discussion  of  the  filtering  algorithm. 

Section  II 

THEORY  OF  OPERATION 

The  purpose  of  the  Walsh  Adaptive  Filter  is  to  enhance  the  detection  of  low  SNR 
pulse  signals  of  unknown  width  and  time  of  arrival.  The  conventional  technique  for 
this  has  been  a voltage  threshold  detector  which  requires  a high  input  SNR  to  prevent 
false  alarms.  The  WAF  operation  is  baaed  on  the  principal  that  low  SNR  signal 
recognition  and  filtering  can  best  be  performed  after  transformation  of  the  input 
signal  into  other  than  the  time  domain.  The  WAF  uses  Walsh-Hadamard  orthogimal 
transform  and  the  transform  domain  is  called  sequency.  The  term  sequenev  is 
defined  as  one-half  the  number  of  zero  crossings  of  the  orthogonal  function,  over 
the  perlixl  of  analysis.  The  following  sections  present  a general  discussion  of  the 
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fllterlnn  thtM>ry  whli  h was  develop<Hl  undor  an  AKL  lU&l)  program.  AKL  has  been 
as8itrne<J  a patent  (-1,038,  5:t9,  awaixted  to  J.  VanC'leave)  on  the  detection  and  filtering 
means  and  methtMl.  A detailed  description  of  the  algorithm  of  implementation  is 
given  in  Appeinlix  A. 

OKTIUKIONAL  I HANSFl^HMS 


The  Fourier  Transformation  is  perhaps  (he  most  well  known  of  all  orthogonal 
transformations  due  to  the  fact  that  electrical  engineering  is  hastxl  on  a fundamental 
unilerstanding  of  the  relationships  between  time  ami  frequeni'v  domain.  However, 
th»>re  exists  a great  many  orthogonal  funetitms  such  as  the  transforms  of  Laplace, 
Walsh,  Haar,  Karh>men-ls>eve,  plus  the  /-Transform  as  well  as  the  polynominals 
of  lA'geiwlre,  Hermlte,  Laguere,  the  functions  of  Bessel  and  Lebesque,  and  the 
t^turm-Liouville  series.  All  may  bt'  representtnl  as  a sequence  of  functions: 

1 n 

which  are  orthogonal  in  the  interval  (-  T/2,  T-21 


such  that: 


r/2 


/X  (t)X  (tVlt 
n m 


-T/2 


1 if  m n 
0 if  m / n 


Now  that  we  have  defintxl  a set  of  orthogonal  functions,  we  may  expand  any  reason- 
ably behavtxl  function  (such  as  a signal)  into  a series: 


N 


f(t)  ' E a X (t) 
, n n 


that  converges  to  the  function  f(t).  In  other  woixls,  we  can  break  the  sigi\al  f(t)  dowm 
into  a series  of  orthogonal  functions.  Figure  I shows  the  first  U5  orthogonal 
functions  of  the  Fourier,  Hadamaixl  (Walsh),  Karhunen-Loeve,  and  Haar  trans- 
forms. .-\gain,  the  Fourier  is  most  common,  and  the  transform  simply  represents 
a time  domain  function  as  a series  of  phased  sine  waves,  which  is  also  called  har- 
monic analysis.  If  the  signal  were  a pure  sine  wave,  then  only  one  of  the  Fourier 
functions  w'oidd  correlate,  and  a single  frequency  spectrum  line  would  result. 

The  Hadamard  (Walsh)  functions  are  similar  to  square  wa\’es  and  if  the  input 
signal  were  a prop«'rlv  phased  square  wave,  a single  sequency  spectrum  line  could 
result  from  the  Walsh  Transform.  The  Walsh  transform  analyzes  signals  by 
examination  of  the  rate-of-zero-erossings  of  an  axis,  which  is  not  always  exactly 
tHiual  to  the  signal  frtxiuency,  hence  is  ternnxl  sequency.  These  transforms 
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Figure  1.  Discrete  Orthogonal  Functions  N=16 
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represent  a waveform  as  a combination  of  phastni  squarewave-line  functions,  rather 
than  sine  waves  as  jx*r  the  Fourier  Transform.  It  is  far  easier  to  generate  and 
process  squarewave  binary  functions  in  a digital  processor  (either  software  controlletl 
or  hanlwirtni)  than  it  is  to  process  sine./aves. 

llie  WAIi^H-HADAMAHD  transformation  is  a true  orthonormal  transformation, 
which  in  addition  to  having  other  well  behaviHi  properties,  is  orthogonal,  unique  and 
complete.  Iliese  properties  assure  us  that  1)  for  any  set  of  input  data,  there  exists 
one  and  only  one  set  of  triuisfornuxl  output  data  and  2)  an  inverse  transform  exists 
to  guarantee  that  all  input  data  can  be  totally  reconstructed,  if  desinxl,  by  first 
performing  the  forward  transform  (ti me-to-sequency  domain)  followinl  by  the  inverse 
transform  (sequency-to-time  domain).  Furthermore,  the  forward  and  inverse 
transform  algorithms  are  identical,  providixi  that  the  data  is  properly  ordered. 

F.AST  WALSH  TRANSFORM  ALGORITHM 

The  Forward  Fast  Walsh  Transform  (FFW'l  ) and  Inverse  Fast  Walsh  Transform 
(IFW  T)  Processors  are  functionally  identical  digital  circuits  which  calculate  the 
transformation  between  the  time  domain  and  the  sequency  domain.  The  algorithm 
used  by  both  circuits  is  the  same,  with  the  only  difference  between  the  two  being  the 
digital  word  lengths  and  a scale  factor.  The  circuits  use  the  Cooley- Tukey  algorithm 
which  is  shown  in  flow  diagram  form  in  Figure  2 for  an  8 fwint  transform.  This 
transform  can  be  calculated  using  three  levels  of  arithmetic  operations  as  shown. 
Level  I operates  on  pairs  of  data  separated  by  n/2  samples  w-here  N is  the  number 
of  points  in  the  transform.  Level  2 uses  pairs  separated  by  N/4  and  in  Level  3 the 
spacing  is  N/8  or  adjacent  samples.  This  sequence  is  valid  for  any  value  of  N 
which  of  course  must  be  a binary  number.  Each  level  adds  and  subtracts  the  samples 
with  the  weighting  functions  (W”)  all  being  equal  to  one.  The  Walsh  Adaptive  Filter 
has  an  N equal  to  256  and  requires  8 levels  to  calculate  the  transform.  Figure  3 is 
a block  diagram  of  the  circuit  and  indicates  the  pipeline  manner  in  which  the  forward 
and  Inverse  transforms  are  performed.  Each  level  contains  two  delay  circuits 
which  serve  to  align  the  data  into  the  proper  time  sequence.  The  delay  interval 
decreases  by  one-half  for  each  advancement  of  level  order.  The  switches  showm 
between  the  levels  are  only  representations  of  the  switching  function  performed  and 
are  actually  implemented  using  logic  circuits.  A block  diagram  of  a typical  level 
is  shown  in  Figure  4.  This  figure  is  the  same  for  all  levels  of  the  FFWT  and  IFWT 
with  the  circuitry'  differences  being  those  necessary  to  accommodate  the  different 
word  lengths.  The  memories  are  either  shift  registers  or  random  access  memories 
(RAMi  depending  upon  the  delay  required.  The  adder  and  subtractor  are  Arithmetic 
Logic  Units  (ALU)  ^L8I  circuits. 

ddie  FFWT  and  IFWT  use  fixed  point  implementation  and  the  levels  are  designed 
to  prevent  overflow  of  the  words.  'Ilie  circuit  delay  between  the  first  input  sample 
and  the  first  output  word  is  equal  to  one  block  aperature  time  or  256  sample  pericxis. 
The  circuit  delay  is  fixed  at  this  number  of  samples,  hence  the  actual  time  delay 
is  inversely  proportional  to  the  system  sampling  rate. 
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FiRuro  4.  'lYpiral  Fast  Walsh  I'raiisform  Lovol  Hhiok  l^ianrani 
FILTEHING  ALOCMUTHM 

'IVo  prot'essinR  alRorithms  aro  usihI  ia  tho  WAF  systoni:  Iho  soqvu'iu'v  analysis 
alKorithm  and  tho  siKjuoiu’y  sorting  algorithm.  Both  inipU’nu'ntod  alKorithms  ojx'rato 
on  (ho  soquotu'v  outjHd  of  (ho  Forward  Fast  Walsh  Transforni  oircuitry  as  sho\^^l  in 
Figuro  5. 

ITio  soquonoy  analysis  prooossor  ooni[>lotos  its  funotion  only  aftor  tho  full 
spootrum  blook  (of  2,%  olonion(s)  is  availablo.  Ihnvovor,  tho  soquonoy  analysis 
prooossor  oontrols  tho  aor(ii\K  paramotors  noodod  by  tho  soquonoy  sortinn  prooossor. 
Tho  soquonoy  sortiiiR  prooossor  oporatos  on  tho  dolayod  sorial  output  of  tho  FFW  P, 
Tho  dol^  is  neoossary  to  allow  tho  soquonoy  analysis  pro('ossor  to  provido  tho  oon- 
trol  outvnU  prior  to  (ho  arrival  of  tho  first  sorial  soquonoy  wt>r<l  of  tlu'  blook  at  tho 
soquonoy  sortinR  prooossor. 

The  soquonoy  analysis  prm'ossor  provides  two  major  funotions:  1)  tho  dotormin- 
atlon  as  to  whether  or  not  any  non-noisoliko  signal  is  present  in  tho  blook,  and  2)  if 
a sifoial  Is  present,  what  tho  estimated  wiilth  and  SNH  parameters  are.  The  (ooh- 
niquo  used  involves  multiple  soquonoy  spootrum  amplitude  oomparisons,  bast'd  t>n 
tho  followtnn  theorem; 

Given  a uroup  of  N rogidarly  spared  time  domain  samples  oonsistinn  of  a 
rootannulnr  or  nearly  rootannular  single  polarity  pulse  signal  of  M samples 
width  and  unknowai  [msition  plus  additive  noise  suoh  as  Gaussian,  Hayloigh 
or  Hiooan  noise,  then; 
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Figure  5.  Sequency  Spectrum  Processor  Block  Diagram 


t 


A,  If  this  group  of  N (where  N is  most  conveniently  a binary  multiple;  i.e. , 
N-2^  where  x is  any  integer)  samples  are  transformed  into  the  Walsh 
sequency  domain,  then  the  pulse  position  can  be  approximately  re- 
presented by  the  lowest  N/M  sequency  terms.  If  these  N/M  terms  are 
retained  and  all  others  discarded,  then  an  inverse  Walsh  transformation 
will  result  in  a time  domain  signal  of  significantly  enhanced  signal  to 
noise  ratio. 

B.  Furthermore,  if  both  pulse  width  and  position  are  unknown,  yet,  the 
desired  signal  is  corrupted  by  Gaussian,  etc,,  noise  of  approximately 
uniform  sequency  distribution,  then  both  width  and  position  may  be  en- 
hanced by  passing  all  sequency  terms  above  a given  threshold,  starting 
with  the  lowest  sequency  term  and  proceeding  until  the  terms  consistently 
are  at  or  below  the  (noise)  threshold. 

Paragraph  A is  the  general  theorem  and  Paragraph  B is  an  application  of  Para- 
graph A.  Both  paragraphs  are  utilized  in  the  Walsh  Adaptive  Filter. 

Figures  6 and  7 illustrate  the  above  principal  for  high  and  low  SNR  pulses.  The 
sequency  elements  associated  with  a pulse  have  a definite  tendency  toward  low 
sequencies  (left  hand  side  of  sequency  domain  plots).  Also,  wideband  noise  has  a 
definite  tendency  to  be  distributed  evenly  over  all  sequencies.  Both  of  these  tend- 
encies are  independent  of  pulse  position.  Thus  the  adaptive  sequency  sorting 
algorithm  consists  of  the  following  parts: 

a)  An  adaptive  low  pass  corner  cutoff  whereby  all  sequencies  above  some 
sequency  value  are  rejected. 

b)  An  adaptive  amplitude  threshold  whereby  large  amplitude  sequency 
elements  are  passed  and  small  elements  are  rejected. 

c)  Various  additional  subalgorithms  that  handle  special  cases,  such  as 
inputs  with  multiple  overlapping  pulses,  etc. 

Those  sequency  elements  retained  are  applied  to  the  inverse  FWT  without 
amplitude  distortion  or  other  modification.  Only  those  sequency  elements  associated 
with  a signal  or  signal  like  input  are  passed,  all  others  being  rejected. 

Since  the  input  signal  is  decomposed  into  Walsh  eigenfunctions,  filtered,  and 
recomposed,  the  filtered  output  signal  can  appear  as  a "squared  up"  or  quantized 
puise  as  shown  in  Figure  7.  Thus  the  WAF  tends  to  form  a rectangular  or  staircase 
approximation  pulse  at  the  output,  regardless  of  input  pulse  shape. 
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Section  III 

SYSTKM  DKSCHlP'nON 

The  Walsh  Adaptive  Filter  System  consists  of  a Filter  Channel,  a Delay  Unit, 
aiul  l/o  panel,  and  a l\)Wer  Supply  all  of  which  are  mounted  in  a movable  rack  as 
showai  in  Figure  S.  'ITie  Filter  CTiannel  contains  the  pulse  detection  smd  filtering 
circuitry  while  the  Delay  Unit  generates  the  delayed  and  gated  IF  and  Video  outputs. 

An  Input/Output  (l/O)  panel  provides  front  panel  access  to  the  l/O  connections 
present  on  the  rear  of  the  Filter  Channel  and  Delay  Unit  and  the  entire  system  is 
l>o\vere«l  by  the  Power  Supply,  Each  of  these  units  is  described  in  detail  in  the 
following  sections  using  the  block  diagram  of  Figure  9.  j 

Filler  Chanivel 

The  Filter  Channel  is  the  core  of  the  W’AF  System  for  it  is  the  pulse  detector  and 
filter.  The  video  input  to  this  unit  is  matchtni  in  v'oltage  range  and  impetiance  using 
the  front  panel  controls.  The  impedance  matching  is  accomplished  using  75  to 
."iOfiand  9.‘1  to  50  Q pads  which  are  selected  using  relays  controlled  by  the  front  panel 
switches.  'Hie  voltage  range  is  adjusted  using  a (53  db  range  variable  attenuator 
which  is  adjustable  in  1 db  steps.  This  attenuator  also  compensates  for  the  loss 
through  the  impedance  matching  pad  for  the  75  and  93  inputs.  The  vernier  gain 

control  changes  the  attenuator  value  in  1 db  steps  from  the  nominal  position  for  each  ■ 

voltage  range.  The  purpose  of  this  circuitry  is  to  adjust  all  input  voltages  to  between  i 

0 and  *2v  at  50  f}*  I'he  input  bandwidth  of  the  channel  must  be  adjusttnl  to  less  than 

one-half  of  the  digitizing  rate  to  prevent  aliasing.  'Fhe  input  signal  anti-aliasing 

filtering  is  performed  by  a fixed  9.3  MHz  low  pass  filler  in  series  with  a variable 

low  pass  filter  for  the  four  lowest  digitizing  rates.  The  variable  low  pass  filter  is 

an  analog  circuit  which  is  controlled  by  the  pulse  w^idth  range.  The  input  to  the 

Analog  to  Digital  Converter  can  be  monitored  at  the  'I'est  A/D  point  and  should  be 

adjustixl  for  signal  amplitudes  of  +2.0  v'olts. 

ITie  A/D  converter  is  a five  bit  unit  capable  of  a 50  MHz  sample  rate.  The  unit 
is  clocktHl  from  *he  system  clock  circuit  and  provides  the  five  bit  word  in  two's 
c<»molement  form  with  -‘1,0  volts  as  the  center  of  the  A/D  range.  The  circuit  uses 
a standard  parallel  conversion  ttvhnique  to  achieve  the  required  operating  speed. 

Ihe  Forward  Fast  Walsh  Transform  (FF’W  1)  is  performed  using  two’s  comple-  i 

meat  arithmetic  in  a fixed  point  implementation.  Each  level  of  the  FFW  I’  increases  1 

the  word  size  by  one  bit  so  that  the  output  of  the  eighth  level  provides  thirteen  bit  ] 

data  words.  Each  of  the  eight  levels  is  very  sim'lar  and  contains  an  input  and  output 
memory  plus  an  adder  and  subtractor.  The  memories  are  Kmitter-t'oupled-logic 
(ECId  random  access  memories  (HAMt,  which  are  used  as  shift  registers.  The 
length  <»f  the  shift  register  is  128  words  in  level  one  and  decreases  by  one-half  for 
each  higher  levtd.  The  adders  and  subtraetors  are  ECL  4 bit  arithmetic  logic  units 
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Figure  9.  WAF  Block  Diagram 


(ALU)  cascaded  to  accept  the  longer  word  lengths.  The  thirteen  bit  word  is  reduced 
to  a ten  bit  word  by  truncation  of  the  lower  three  bits  since  the  shorter  word  contains 
adequate  signal  information  for  the  filtering  process. 

llie  Walsh  Sequeney  Processor  or  Sequcncy  Spectrum  Processor  performs  both 
the  analysis  and  filtering  as  described  in  Section  2.  Three  ratios  of  sequeney  aver- 
ages are  computed  for  each  transform.  The  sums  of  the  first  4,  16,  64  and  256 
Walsh  coefficients  are  calculated  in  real  time  using  four  separate  accumulators  and 
two  adders.  The  four  averages  (AVE  4,  16,  64  and  256)  are  computed  simply  by 
shifting  the  binary  point  to  the  left  2,  4,  6 and  8 places  respectively.  The  ratios 
fAVE  256  ^ 256/16,  and  256/64)  are  then  calculated  by  division  in  the 
AVE  4 

Central  Processing  Unit  (CPU)  section  of  the  circuit.  The  analysis  is  completed  by 
comparisons  of  the  ratios  against  the  set  of  processing  constants.  The  arithmetic 
and  comparison  operations  are  performed  in  the  CPU  portion  of  the  spectrum  pro- 
cessor. This  circuit  is  configured  similar  to  a computer  and  has  multiple  registers, 
an  arithmetic  unit,  a data  bus  and  an  instruction  bus.  The  CPU  operates  at  the 
system  digitizing  rate  which  is  a maximum  of  20  MHz.  Comparisons  are  perform<3d 
by  subtraction  and  looking  for  a sign  change.  The  result  of  this  analysis  is  to  provide 
a decision  to  select  a set  of  filtering  constants  to  be  used  on  the  sequeney  domain 
which  has  meanwhile  been  reordered  into  ascending  sequeney  and  stored.  The 
sequeney  is  filtered  one  line  at  a time  starting  with  the  Walsh  1 term  (two  zero 
crossings).  The  lines  are  compared  both  individually  and  in  groups  against  thres- 
holds and  any  line  below  threshold  is  set  to  zero.  The  comparison  and  filtering  of 
each  line  takes  one  clock  period  such  that  the  filtered  output  occurs  at  the  same 
word  rate  as  the  digitize  output.  The  output  of  the  filter  is  the  input  to  the  Inverse 
FWT.  A maximum  of  128  Walsh  lines  are  required  for  the  IFWT  and  thus  the  filter 
operates  at  a 50%  duty  cycle. 

The  Inverse  FWT  is  identical  to  the  FFWT  except  that  it  has  only  seven  levels, 
instead  of  eight,  and  the  word  sizes  are  larger.  The  input  word  is  nine  bits  and  the 
output  has  been  truncated  to  twelve  bits  by  dropping  the  four  most  significant  bits 
at  the  output  of  the  last  level. 

The  post  processor  reorders  the  IFWT  output  into  time  sequence  and  stores  the 
data.  The  peak  value  of  each  transform  is  detected  during  this  time  and  is  used  to 
calculate  the  time  domain  threshold.  This  threshold,  which  is  used  to  filter  the 
time  domain,  is  determined  by  the  peak  value,  average  value  and  a constant  pre- 
viously selected  at  the  analysis  of  this  tranform.  The  threshold  is  calculated  using 
the  equation: 

Threshold  = (Peak  — Ave)  x K + Ave 
where  K < 1. 0 
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The  output  time  domain  is  Reneratwl  by  filtering  the  stortni  time  values,  one  sample 
at  a time,  usinR  the  threshold  value.  This  filferinR  is  done  at  one  half  of  the  system 
clock  rate  such  that  the  output  time  scale  is  equal  to  that  of  the  input.  A manual 
threshold  can  be  use<l  in  place  of  the  calculated  value  throuRh  the  front  panel  controls. 

The  video  output  is  provided  both  as  a loRic  level  Rate  and  as  an  analoR  video 
siRnal.  The  analoR  video  siRnal  is  Renerated  by  passiiiR  the  post  processor  output 
throuRh  a D/A  converter  with  a 50  fj  output  driver.  The  analoR  video  output  is  a 
linear  reproduetion  of  the  relative  input  amplitude. 


The  Rate  output  is  a loRic  level  gate  which  corresponds  to  the  time  threshold 
decision.  This  output  can  be  stretched  in  pulse  width  at  the  trailing  edge  using  the 
front  panel  control.  A narrow  sync  pulse  is  also  generated  using  the  logic  level 
gate  as  a trigger.  The  gate  output  Is  used  by  the  Dtday  I'nit  to  gate  the  delayed  IF 
and  video  signals. 


A second  D/ A converter  and  50  Q output  driver  is  used  to  generate  a Walsh 
Spectrum  iisplay.  This  output  shows  the  filterwl  spectrum  is  it  enters  the  IFW  r. 

An  internal  switch  allows  the  sequency  filter  to  be  tiypassed  whereliy  the  output 
then  displays  the  complete  Walsh  sjH'ctrum. 

iTie  complete  system  clocking  is  developt'd  from  a single  clock  circuit.  I'his 
circuit  uses  a crystal  controlled  20  MHz  oscillator  as  the  basic  reference  ..ource 
from  which  all  clocks  are  derived.  The  clock  signals  are  distributed  to  all  the 
lx>ards  using  differential  t^^isted  pair  lines.  An  external  clock  source  can  lie  ustxi 
and  is  selected  using  an  internal  switch. 

Delay  Unit 

The  Delay  Unit  provides  the  delay  and  gating  functions  for  both  gated  channel 
video  and  IF  Inputs  simultaneously.  The  gating  signal  is  generated  tiy  the  Filter 
Channel  and  the  time  skew  between  channels  (filter  and  gated)  must  tie  less  than 
1.5  psec.  The  Delay  Unit  presently  has  one,  fixed  delay  of  04  psec  which  permits 
operation  only  with  the  0.  I to  20  psec  pulse  width  range.  Fxternal  delavs  can  be 
used  for  the  other  ranges  and  Section  I\’,  Table  2 specifies  the  requireii  delay  values. 

IF  Channel 

'Hie  Delay  Unit  IF  input  was  designed  to  accept  a 100  MMz  center  frequency, 

50  fj  impeilance  input  signal.  The  bandwidth  of  this  channel  is  15  Mllz.  Ftnir 
positive  voltage  ranges  of  0-lv,  0-2v,  0-4v,  and  O-lOv  are  provided  which  switi  h 
in  attenuators  to  prevent  saturation  of  the  circuitry.  The  overall  IF  channel  has 
attenuation  loss  for  each  of  the  four  voltage  ranges  is  0,  12,  18,  and  20  db  res^x'c- 
tively.  The  input  stage  consists  of  four  attenuators  and  three  relays,  controlled  by 
the  front  panel  voltage  range  switch.  The  IF  delay  is  provided  by  a SAW  delay  line 
which  operates  at  a center  frequency  of  27  MUz.  This  delay  line  also  limits  the  IF 
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bandwidth  to  15  MHz.  iTie  input  sii^inl  is  mixod  down  to  27  MHz  using  a 122  MHz 
local  oscillator,  mixer,  and  a low  pass  filter.  After  the  delay  line  the  signal  is 
upconverted  to  160  MHz  using  a second  output  of  the  previous  122  MHz  oscillator, 
a second  mixer  and  a 160  MHz  bandpass  filter  to  attcMuiate  the  undesired  mixer  out- 
puts. I'sing  the  same  oscillator  for  both  up  aiul  down  conversion  ensures  that  the 
original  frequency  is  recovered  independent  of  any  oscillator  drift  or  frequency 
tolerance.  Ihe  IF  sigital  is  gated  using  a HF  solid  state  switch  which  is  controlltKl 
b\'  the  variable  delay  circuit.  The  loss  through  the  two  mixers,  fillers  and  delay 
line  is  connH'nsattxl  using  two  28  db  gain  IF  amplifiers. 

Video  t'hannel 


llie  video  channel  input  can  be  matchinl  to  positive  voltage  ranges  of  0-1,  0-2, 
0-1,  and  O-IO  volts  with  impedances  of  50,  75  or  02  Q,  All  of  these  controls  are 
mounted  on  the  front  panel  of  the  unit.  The  input  impedance  is  adjusted  to  50 
using  either  a 75  to  50  Qor  a 92  to  50  matching  pad  as  nxiuired.  These  pads  are 
selected  by  relays  operated  by  the  front  panel  controls.  The  voltage  ranges  are  set 
using  fixed  attenuators  and  relays  as  in  the  IF  channel.  The  delay  is  provided  by 
a commercial  video  delay  module  which  also  uses  an  IF  SAW  device.  The  conversion 
of  the  video  signal  to  IF  and  the  demodulation  is  all  accomplished  on  the  module  which 
has  unity  gain.  The  video  gating  is  performixl  using  an  analog  switch  driven  by  the 
variable  delay  circuit.  The  gain  through  the  video  channel  is  unity  and  the  attenuator 
and  Z match  losses  are  compensated  for  by  a programmable  gain  amplifier  circuit. 
This  circuit  is  controlled  by  the  front  panel  switches  and  has  gains  of  7,  12,  18  and 
26  db.  ITie  video  output  stage  is  a wideband  voltage  follower  designed  to  drive  50  Q. 

Variable  Delay 

The  variable  delay  circuit  takes  the  filter  channel  output  gate' and  delays  that 
signal  a fixed  2.6  psec  plus  a variable  3.0  psec.  TTie  variable  feature,  which  is 
controlled  from  the  front  panel,  allows  the  filter  channel  gate  to  be  varied  in 
position  with  respect  to  the  delayed  IF  and  video  signals.  The  operation  of  the  gate 
is  controlled  by  the  front  panel  filter  gate  enable  switch.  A rear  mounttHl  external 
enable  control  input  is  also  provided. 

Power  Supply 

The  system  power  supply  was  specified  by  AEL  and  manufactured  by  Lambda 
Electronics.  ITie  unit  contains  the  WAF  on-off  switch,  which  is  integral  with  a 
circuit  breaker,  an  indicator  light  and  a switchable  ammeter  and  voltmeter  for  all 
the  supplies,  ITie  power  supply  generates  voltage  of  ± 20v,  +5v,  -2v,  and  -5, 2v 
and  Section  IV'  of  this  report  describes  the  controls  and  operation.  iTte  unit  con- 
sists of  five  commercial  supplies  which  were  mounted  into  a single  rack.  The  •Sv, 
-2v,  and  -5. 2v  supplies  are  of  the  switching  regulator  design  while  the  + 20v  supplies 
are  linear  type  units  due  to  the  requirements  for  low  ripple  on  these  voltages.  The 
power  supply  does  not  require  forced  air  cooling,  however,  the  unit  should  never 


19 


be  mounted  such  that  the  natural  convection  coolinj?  air  flow  is  rt'strictetl  in  any  way. 
The  power  supply  also  has  a switched  AC  output  which  is  usetl  to  power  the  Filter 
Channel  cooling  fans.  All  the  supplies  have  individual  over-voltfljje  protection  cir- 
cuits and  the  switching  supplies  also  have  thermal  overload  protection. 

ITie  input  power  requirements  for  the  WAF  system  are: 

Voltage:  105  to  130  VAC,  single  phase 

Frequency:  47  to  440  Hz 

Power:  015  watts  (estimated) 

l/O  Panel 

ITie  l/O  panel  provides  connections  to  the  rear  mounted  controls  for  the  Filter 
Channel  and  Delay  Unit  from  the  front  of  the  system.  The  panel  contains  only 
cabling  and  no  circuitry.  'Die  controls  and  signals  that  are  present  on  this  panel  are: 

1)  Delay  Unit  External  Enable 

2)  Filler  Channel  F?xternal  Enable 

3)  Walsh  Spectrum  Output 

4)  Digitized  Video  Output 

5)  System  Clocks 

This  panel  is  not  required  for  WAF  system  operation  and  is  provided  only  as  a 
convenience  to  the  operator.  If  the  system  were  to  be  installed  where  space  is  at 
a premium  the  panel  could  be  eliminaf<>d. 

Mechanical  Construction 

'Hie  WAF  System  is  mounte<l  in  a nnxlerately  sized  movable  rack.  I'he  Filter 
CTiannel  and  Delay  Unit  are  both  mountwl  on  slides  for  ease  of  maintenance.  Both 
units  can  be  extended  fully  on  their  slides  without  removing  any  cables  or  conmn'tions. 

CAUTION 

When  both  the  Filter  Channel  and  Delay 
Units  are  fully  extended  on  their  slides, 
the  rack  can  be  inailvertently  tippevl  over 
if  additional  weight  is  placed  on  the  Filter 
Channel  Unit. 
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I’hc  l/(>  paiu'l,  blank  panel  and  Power  Supply  are  mounttnl  to  the  raek  using  the  front 
panel  fasteners  and  a rear  mounted  bracket  for  the  power  supply. 


r 
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'ITie  unit  is  designetl  for  use  in  a engineering  lai)oratorv  and  the  construction  will 
pt'rmit  transportation  using  commercial  carriers.  The  size  and  weight  of  the  units 
are  li8t«.>d  in  the  following  table. 


Unit 

W 

ID 

Weight  (Est, 

Filter  Channel  (Mixlel  2001) 

8.75" 

19" 

22.  5" 

40  lbs. 

IX'lay  I’nit  (MiKlel  2002) 

7" 

19" 

22.  5" 

15  lbs. 

Power  Supply 

5.  25" 

19" 

22.  5" 

70  lbs. 

Total  WAF  System 

47" 

22" 

24" 

250  lbs. 

Section  I\’ 


SYSTEM  OPKHA  nON 

This  section  provides  a description  of  controls  and  Indicators  plus  useful 
operating  procedures  based  on  typical  applications.  Procedures  in  this  section  are 
writte.i  o guide  an  operator  who  Is  familiar  with  both  the  nature  of  the  signals  to  be 
detet'ted  and  the  desire'  - output  response  from  the  WAF  System. 

()pt»rating  Procetiures 

Each  control  and  indicator  on  the  front  panel  of  the  three  units  is  listed  and  its 
function  described  in  Table  1.  Reference  to  Figures  10  and  11  will  aid  in  locating 
and  understanding  the  operation  of  each  item. 

The  following  sections  describe  how  to  operate  the  WAF  System  for  a typical 
set  of  input  signals.  Both  the  control  setting  and  input/output  connections  are 
desert betl  where  applicable. 


NOTE 

Do  not  operate  the  WAF  when  the  Rear 
Mount  I'd  FANS  are  not  operating. 
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FlRin't'  11.  IX'lay  Unit 


TAHLE  1 


CONTHOL  AND  INDICATOW  PUNC  nONS 


Control  or  Indicator 


Power  Su 


1)  ON/OFF  Switch 


2)  Indicator  Light 


3)  Ammeter  and  Voltmeter 
Selector  Switch 


4)  Ammeter 


5)  Voltmeter 


Delay  Unit 


1)  Video  Impedance 


Function 


A combination  circuit  breaker  and  on-off  switch 
which  controls  the  power  to  the  entire  WAF  system. 

The  indicator  is  lit  when  the  jwwer  supply  is 
turned  on. 

Selection  of  one  of  the  five  power  supplies  for 
current  and  voltage  measurement  by  the  two  front 
panel  meters. 

'IIjIs  meter  indicates  the  output  current  of  the 
selecttHi  supply. 

This  meter  indicates  the  output  voltage  of  the 
selected  supply. 


Selection  of  the  input  imptMiance  of  the  video  delav 
circuit  to  be  either  50,  76,  or  03  ohms 


TAMl-K  I ((’out.) 


CONTROL  AND  INDICA'1X)R  Fl'NC'i  rONS 


Control  or  Iiwlioator 


2)  Video  Voltnge  Range 


3)  IF  V'oUage  Range 


4)  Gate  Delay 


5)  Filter  Gate  Knable/Dl sable 


Filter  Channel 


1)  False  Alarm  Rate 


2)  Output  Threshold  Toggle 
Switeh 


3)  Output  Threshold 

Thumbwheel  Switeh 

4)  V’oltage  Range 


5)  Attenuation 


6)  Impedanee 


Function 


Selection  of  the  operating  voltage  range  of  the 
video  delay  circuit. 

Selection  of  the  operating  voltage  range  of  the  IF 
delay  circuit. 

Simultaneous  adjustment  of  the  Video  and  IF  gate 
position  from  -1,(5  psec  to  0,4  psec  with  respect 
to  the  nominal  delay  value. 

Selei'tlon  of  either  gating  the  delay I'd  IF  aiul  N'idci* 
signals  with  the  Filter  Channel  Gate  (KNAItLK)  or 
passing  all  input  signals  with  a I'onstant  time 
delay  (DISARLF). 


Selection  of  either  the  High  or  Low  False  Alarm 
Rate. 

Selection  of  either  the  ttn\e  domain  threshold 
calculalt*d  by  the  unit  (AU'TG)  or  the  value  con- 
trolUni  by  the  operator  (MANl'AL). 

Control  of  the  manual  time  domain  threshold  frt>m 
a minimum  value  td'  0 to  a miiximum  value  I'f  15. 

Selection  of  the  operating  voltagt'  range  of  the 
video  input  signal,  llie  attenuation  control  must 
be  in  the  CAL  position. 

This  control  increases  the  attenuation  in  the  video 
Invmt  circuit  in  I vlb  sieves  to  allow  fi)U'  atljust- 
menl  of  the  input  voltage  level. 

Selection  of  the  input  Imptnlancc  to  be  either  5l\ 

75  or  03  ohms. 
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TABLE  I (Cont. ) 


CONTROL  AND  INDICATOR  FUNC  IIONS 


Control  or  ItKlIcator 

Function 

7)  Pulse  Width 

Selection  of  the  optimum  pulse  width  range  to 

match  the  video  input  pulse  widths. 

8)  Output  Gate  Width 

This  control  increases  the  width  of  the  output 

gate  from  zero  (0)  to  greater  than  10%  (5). 

Filter  Channel 


The  filter  channel  video  sif^nal  ia  connected  to  the  Video  in  BNC  and  the  controls 
should  be  set  for  the  proper  impedance,  voltage  range,  and  pulse  width  range.  The 
best  performance  is  obtained  when  the  lowest  valid  pulse  width  range  is  used. 

Table  2 shows  the  Filter  Channel  characteristics  that  vary  with  pulse  width  range. 

If  the  input  voltage  range  does  not  closely  match  one  of  the  preset  values,  the  fine 
attenuation  control  can  be  used.  ITje  voltage  range  switch  would  be  set  to  the  range 
Just  below  the  maximum  signal  amplitude  and  the  attenuation  control  used  to  reduce 
the  maximum  input  signal  to  +2.0  volts  as  measured  at  the  Test  A/D  BNC.  I'he 
voltage  range  and  attenuation  controls  should  be  set  such  that  the  mvoximum  input 
voltage  does  not  exceed  +2.0  volts  at  the  Test  A/D  point. 

The  standard  setting  for  the  False  Alarm  Rate  switch  would  Ik'  in  the  HIGH 
position  which  gives  a system  false  alarm  rate  of  nominally  100  per  second  at  the 
0. 1 to  20  fisec  pulse  width  range.  This  setting  gives  the  highest  system  sensitivity. 
The  LOW  position  will  give  a rate  of  approximately  10  per  second  at  the  0.1  to 
20  psec  pulse  width  range  and  is  used  when  a lower  probability  of  false  alarm  is 
desired.  The  false  alarm  rates  drop  non-linearly  as  the  wider  pulse  width  ranges 
are  selected. 

The  normal  setting  for  the  output  threshold  is  in  the  AUTO  position  where  the 
filter  channel  continuously  computes  the  correct  time  threshold.  The  openvtlir  can 
control  the  threshold  manually  using  the  thumbwheel  switch. 

The  video  output  signal  is  available  both  as  a TTL  logic  level  signal,  OUTPUT 
GATE,  and  as  a reconstructed  video  signal,  VIDEO  OUTPUT,  capable  of  driving  a 
50  ohm  load.  The  pulse  width  of  the  TTL  output  can  bo  increased  in  five  steps  using 
the  OUTPUT  GATE  WIDTH  control.  The  pulse  width  increase  for  each  position  and 
pulse  width  range  is  as  follows; 
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Pulse  Width  Increase 


Position 

0. 1-20 

0.4-8V. 

1-200 

10-2000 

100-20,000 

0 

0 

0 

0 

0 

0 

1 

100  nsec 

0.4  psec 

1 psec 

10  psec 

100  psec 

2 

200  nsec 

0,  8 psec 

2 psec 

20  psec 

200  psec 

3 

400  nsec 

1.0  psec 

4 psec 

40  psec 

400  psec 

4 

800  nsec 

3. 2 psec 

8 psec 

80  psec 

800  psec 

5 

1000  nsec 

6.4  psec 

10  psec 

100  psec 

1000  psec 

The  increase  in  pulse  width  always  occurs  at  the  trailing  edge  of  the  pulse.  A 'I'TL 
logic  level  synchronization  pulse  is  available  at  the  SYNC  OUTPUT  RNC.  This  pulse 
is  synchronized  with  the  leading  edge  of  the  video  output  signal  and  has  a nominal 
width  of  0. 1 psec. 

TABLK  2 


FILTER  CHANNEL  CHARACTERISTICS  VS.  PULSE  WinTH  RANGE 


Pulse  Width  Range 

Digitizing  Rate 

Bandwidth 

Delay 

0. 1 - 20  psec 

20  MHz 

10  MHz 

58. 9 psec 

0. 4 - 80  psec 

5 MHz 

2.5  MHz 

235.0  psec 

1 - 200  psec 

2 MHz 

1 MHz 

589  psec 

10  - 2000  psec 

0.  2 MHz 

0.1  MHz 

5.  89  msec 

100  - 20,  000  psec 

0.02  MHz 

0.01  MHz 

58. 9 msec 

Proper  Choice  of  Pulse  Width  Range 


The  proper  WAF  performance  will  occur  when  the  input  video  noise  bandwidth  is 
at  least  one-half  the  sampling  rate.  'Ihe  sampling  rate  vs.  pulse  width  range  was 
listed  in  Table  2;  however,  a rule  of  thumb  is  that  the  input  video  noise  bandwidth, 
as  viewed  on  a conventional  spectrum  analyzer,  should  be  within  3 dH  of  perfectly 
flat  from  DC  to  a frequency  equal  to  the  reciprocal  of  the  shortest  pulse  width  of  the 
range  selected;  i.3,,  10  MHz  for  the  0. 1-20  microsecond  pulse  width  range. 

Noise  is  shaped  by  any  low  pass  filter  in  such  a way  that  it  begins  to  appear  as 
random  pulses  having  a width  less  than  Init  approximately  equal  to  the  reciprocal 
of  the  bandwidth;  as  a result,  the  WAF  cannot  always  distinguish  these  impropci'ly 
flltert>d  noise  pulses  from  real  pulses  and  therefore  pnxluces  a significantly 

f 2(5 


Increased  false  alarm  rate.  The  WAF  can  be  constructed  to  operate  optimally  from 
any  noise  bandwidth:  however,  the  serial  #1  unit  has  been  specifically  constructed 
for  a flat  noise  bandwidth. 


The  input  noise  bandvddth  of  the  equipment  driving  the  WAF  Filter  Unit  should 
be  verified  using  a conventional  spectrum  analyzer.  The  3 dB  point  should  be  noted, 
and  a sample  rate  (per  Table  2)  that  is  less  than  or  equal  to  twice  the  3 dB  noise 
bandwidth  should  be  selected  in  order  to  attain  maximum  performance.  Choosing 
of  a sample  rate  less  than  twice  the  noise  bandwidth  cannot  produce  aliasing  of  the 
analog-to-dlgltal  converter  since  the  WAF  has  built-in-anti-aliasing  low  pass  filters. 

Internal  Controls 

There  are  two  Internally  mounted  switches  in  the  Filter  Channel  Unit  which  are 
the  OSC  INT/EXT  control  and  the  PIL/BYP  control.  The  normal  system  operation 
uses  the  internal  (INT)  crystal  oscillator  with  the  digitizing  rates  as  listed  in  Table 
2 for  all  of  the  pulse  width  ranges.  An  external  clock  can  be  used  with  the  WAF 
system.  This  signal  is  connected  to  the  EXTERNAL  CLOCK  BNC  on  the  rear  of  the 
Filter  Channel  and  must  have  the  following  characteristics: 

Frequency:  up  to  20  MHz 

Waveform:  Square  Wave 

Voltage:  ECL  10,000  series  levels 

The  pulse  width  range  used  will  select  one  of  the  five  discrete  video  bandwidths 

shown  in  Table  2.  The  operator  must  recognize  that  the  digitizing  rate,  at  the  0. 1-20 
psec  PW  range,  will  be  the  external  clock  frequency  and  the  rate  will  decrease  with 
PW  range  as  shown. 

The  second  internal  control  is  the  FIL/BYP  switch  which  selects  the  operational 
mode  of  the  Walsh  sequency  filter  between  normal  filter  operation  (FIL)  and  no 
sequency  filtering  or  bypass  (BYP).  This  mode  is  optimally  used  when  the  input 
video  signal  can  be  synchronized  to  the  WAF  Filter  Channel  using  the  SYNC  OUTPUT 
signal  on  the  rear  of  the  unit.  The  effect  of  filtering  vs.  bypass  operation  on  various 
input  signals  can  be  demonstrated  using  this  technique. 

Delay  Unit 

The  Delay  Unit  can  be  operated  with  either  the  same  video  signal  as  the  filter 
channel  or  a second  video  source  which  is  synchronized  with  the  filter  channel  Input. 

A synchronized  IF  signal  can  also  be  used  at  the  same  time.  The  IF  and  video  input 
and  output  BNC  connections  are  clearly  marked  on  the  Delay  Unit  front  panel.  The 
input  Impedance  of  the  video  circuit  should  be  matched  to  the  source  and  both  the  IF 
and  video  voltage  ranges  sot  to  the  proper  values.  The  IF  input  Impedance  is  50  ohms. 
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The  FILTER  GATE  switch  Is  set  to  ENABLE  in  the  normal  mode  of  operation. 
The  delay  unit  provides  a delay  of  64  /usee  for  both  Input  slfcnals.  The  Delay  Unit 
will  Kate  this  delayed  slRnal  with  the  OUTPUT  GATE  from  the  Filter  (Tiannel.  The 
Kate  delay  allows  the  operator  to  adjust  this  delay  about  both  sides  of  the  nominal 
value  as  marked.  When  the  FILTER  GATE  is  disabled,  the  Input  siKnals  are  passed 
with  delay  hut  without  KatlnR-  The  delay  values  will  match  the  filler  channel  delay 
for  the  0. 1 to  20  ^lSoc  Pulse  Width  ranKc  operatinK  condition. 

TYPICAL  application 


The  WAF  System  requires  a post-detection  video  slKnal  usetl  as  the  filler  channel 
Input  in  all  modes  of  operation.  This  input  can  typically  be  the  output  of  a receiver, 
wideband  tape  recorder,  spectrum  analyzer,  etc.  The  Input  imptnlance,  voltaKc 
rauKC  and  sample  rate  (pulse  width  ratiKc)  of  the  filter  channel  must  be  matched  to 
the  Input  siKiml  parameters.  The  filter  channel  output  la  available  both  as  a re- 
constructed analoK  video  alKnal  and  a dlKltal  IokIc  level  Kato,  both  of  which  can  be 
used  directly.  In  this  mode  of  operation  the  WAF  Is  operatinK  as  a standard  filter 
with  a low  SNR  Input  and  a hlRh  SNR  output. 

, The  WAF  System  is  also  capable  of  delaying  and  Kating  both  a video  and  IF  input 
signal  when  ojx'rating  at  the  highest  sampling  rate.  Figure  12  shows  the  l/O 
connections  for  the  video  application.  The  filter  channel  and  gated  channel  can  lu' 
the  same  or  different  video  signals.  If  they  are  not  the  same  signal,  the  time  skew 
between  the  two  should  be  a maximum  of  1.5  microseconds  to  (H»rmit  proper  adjust- 
ment of  the  system.  The  gated  video  input  has  dedicated  and  separate  controls  for 
impetlance  and  voltage  level. 

Figure  13  is  a block  diagram  shoNving  the  l/o  connw'tions  for  the  IF  application. 
TTie  1.5  psec  maximum  requirement  for  time  skew  between  the  IF  and  video  inputs 
jUso  applies  here.  This  typical  application  Is  when  the  IF  and  post  detection  video 
are  from  the  same  sigi\al  source  such  as  a receiver.  The  IF  input  nvjst  be  a 160 
Mtiz,  50  Q signal.  Tlte  delay  unit  provides  for  amplitude  adjustment  Independent 
from  that  of  the  video.  Both  the  gated  IF  and  video  signals  are  undistorted  replicas 
of  the  input  signals  except  ns  filtered  by  the  finite  delay  channel  bandwidths  \\1iich 
are  15  Mffz  IF  and  10  MHz  video. 
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Figure  12,  WAF  Postdetection  Video  Processing 
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Figure  13,  WAF  Predetection  IF  Processing 
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Section  V 


TEST  RESULTS 


INTRODUCTION 


Tills  section  describes  the  results  of  Walsh  Adaptive  Filter  (WAF)  testing  for 
the  three  interrelated  parameters  of:  probability  of  detection,  probability  of  false 
alarm  and  input  signal-to-noise  ratio.  Tliere  are  several  other  untested  parameters 
of  Importance:  however,  a thorough  testing  program  to  completely  evaluate  the 
performance  of  the  Walsh  Adaptive  Filter  (WAF)  system  would  require  an  extended 
period  of  time  using  a variety  of  signal  types  and  parameters.  This  testing  program 
will  be  performed  on  later  efforts. 

This  section  describes  the  tests  performed  during  the  WAF  system  checkout 
phase.  The  test  results  are  presented  in  a graphical  format  which  illustrate  the 
WAF  performance  for  several  values  of  pulse  width  and  signal  to  noise  ratio.  A 
formal  report  of  these  tests  was  prepared  and  submitted  to  RADC  which  included 
the  graphs,  actual  test  data,  test  setup,  and  photographs  of  the  input/output  signals. 

The  tests  described  in  this  section  were  concentrated  on  probability  of  detection, 
false  alarm  and  SNR,  No  quantitative  evaluation  was  made  of  the  parameter  esti- 
mation (pulse  width  and  time  of  arrival)  properties  of  the  WAF  system  which  are  of 
equal  or  greater  importance. 

DESCRIPTION  OF  TESTS 


The  delivered  WAF  was  preset  at  two  selectable  false  alarm  rates:  500  per 
second  (High)  and  50  per  second  (Low),  both  measured  at  the  20  MHz  sample  rate 
(0, 1 to  20  psec  (20  MHz)  and  0. 4 to  80  psec  (5  MHz)  pulse  width  ranges.  For  each 
range  and  FAR  four  (4)  values  of  pulse  width  were  used  with  four  (4)  values  of 
probability  of  detection  at  each  pulse  width.  The  pulse  width  was  measured  visually 
on  an  oscilloscope  and  the  input  signal  to  noise  ratio  was  calculated  as  the  ratio  of 
peak  signal  to  RMS  noise.  A detailed  block  diagram  of  the  test  set-up  is  shown  in 
Figure  14,  The  false  alarm  rates  were  measured  for  the  0, 1 - 20  psec  pulse  width 
range. 

The  probability  of  detection  (Pp)  was  calculated  as  the  ratio  of  the  number  of 
output  to  input  pulses.  The  number  of  output  pulses  was  measured  by  a counter 
whose  input  was  gated  to  insure  that  the  output  pulse  occurred  during  the  correct 
time  interval  and  with  a maximum  count  of  one. 

TEST  RESULTS 

Tile  results  of  the  performance  tests  are  presented  in  graphical  format  in  two 
groups  in  this  section.  The  same  data  was  used  for  all  curves  with  the  dependent 
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variables  having  been  interchanged  to  emphasir.e  certain  performance  traits. 
PROBABIUTY  OF  DETECTION  VS  SNR 


Ilie  first  group.  Figures  15  through  15,  is  a plot  of  S/N  versus  for  the  four 
pulse  widths.  One  set  of  curves  has  been  made  for  each  combination  of  FAR  and 
pulse  width  range  as  noted.  TTie  test  results,  as  expected,  indicate  that  as  pulse 
width  Is  increased  the  input  S/N  required  for  a given  Pp  is  reduced.  The  high  and 
low  FAR  settings  give  curves  which  are  similar  in  shape  but  the  sensitivity  at  the 
higher  FAR  is  better  by  approximately  I to  2 dB.  For  a given  pulse  width,  the  Pj) 
increases  as  the  input  S/N  Is  raised. 

A comparison  between  the  two  pulse  width  ranges  for  the  same  FAR  setting 
shows  curves  which  are  very  similar  when  the  product  of  input  pulse  width  and 
sampling  rate  is  considered.  For  example,  a 40  psec  pulse  at  5 MHz  (0.4  - 80  psec 
range)  is  equivalent  to  a 10  psec  pulse  at  20  MHz  (0. 1-20  psec).  Theoretically, 
these  two  sets  of  curves  should  be  highly  similar.  If  the  WAF  false  alarm  rate  wore 
linear  with  sampling  rate,  which  it  is  not,  then  the  curves  would  be  identical.  The 
differences  noted  are  attributed  to  a combination  of  measurement  accui*acv,  small 
number  of  data  ptiints,  and  WAF  characteristics. 

PULSE  WIDTH  VS  SNR 


The  second  group.  Figures  19  through  22,  are  plots  of  S/N  versus  input  pulse 
width  in  psec  for  three  values  of  Pf).  These  curves  are  also  plotted  for  both  FAR 
settings  at  each  pulse  width  range.  The  moat  significant  feature  of  these  curves  is 
how  the  sensitivity  of  the  WAF  system  increases  rapidly  to  a point  and  then  Increases 
slowly  thereafter  as  pulse  width  is  increased.  The  compression  point  of  the  curves 
is  approximately  equal  to  a pulse  width  - sample  rate  product  of  40.  This  informa- 
tion will  be  very  useful  in  determining  the  proper  pulse  width  range  for  WAF 
operation. 


The  comparison  of  the  above  test  results  against  a conventional  pulse  detection 
system  currently  in  use  Is  not  an  easy  task.  Almost  all  of  the  published  data  concerns 
probability  of  detection  without  any  regard  for  pulse  parameter  estimation  such  as 
pulse  width  or  time  of  arrival.  If  a comparison  is  made  solely  on  the  basis  of  Pp), 
the  curves  shown  in  Figure  23*  can  be  used  with  modifications.  The  signal  to  noise 
ratio  shown  is  at  IF  and  should  be  corrected  to  a video  S/N  using  the  following 
apv>roximate  equation  for  video  detector  S/N  degradation: 


S/N  video 


(S/N  IF)^ 

I + (S/N  IF) 


♦Reference:  M,  I.  Skolnik,  Radar  Handbook,  McGraw-Hill  1970,  p. 2-19, 
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RATIO  IDEOBfU* 


SIGNAL-TO  NOISE  RATIO  (DECIBELS) 
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PROBABILITY  OF  DETECTION 


PW  Rango:  0.4-S0mscc 
FAR:  HIGH  F 10"'^ I 


FiRure  17,  SNR  vs  High  FAR,  0,4-80  ^sec 


I 
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PUI^E  WIDTH  - (iSGC 
PW  Range:  0.4-80  nsec 
FAR:  HIGH  (^lO-"^) 


Figure  21.  SNR  VB  PW,  High  FAR,  0.4-80  ^sec 


L-TO-NOISE  RATIO  (DECIBELS) 


I 


PULSE  WIDTH  - Msec 
PW  Range:  0.4 -HO /nsec 
FAR:  LOW  (<10"'^) 

Figure  22.  SNR  vs  PW,  Low  FAR,  0.4-80  /usee 
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Figure  23.  Required  eignal-to-noise  ratio  (visibility  factor)  at  the  input  terminals  of 
a linear-rectifler  detector  as  a function  of  probability  of  detection  for  a single  pulse* 
with  the  false-alarm  probability  (Pfa)  as  a parameter.  A nonfluctuating  signal  is 
assumed.  (From  Ref.  13* ) 


Figure  23.  Theoretical  SNR  vs  PD 
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This  equation  shows  that  at  high  S/N  the  two  ratios  are  essentially  equal  and  at  low 
S/N  there  can  be  several  dB  difference  between  them  with  the  IF  S/N  alwws  being 
higher.  The  false  alarm  rates  at  the  20  MHz  sample  rate  were  5, 2 x 10“®  and  4.  8 x 
10~®  calculated  as  the  ratio  of  the  average  number  of  false  alarms  per  second  to  the 
video  bandwidth  with  noise  but  no  signal  present.  Lower  false  alarm  rates  are 
achievable  at  input  noise  levels  higher  than  100  mv>  rms.  The  false  alarm  rates 
at  the  5 MHz  sample  rate  were  less  than  10~'^  for  both  high  and  low  FAR  settings.  A 
comparison  between  the  test  data  and  Figure  23  shows  the  following  increases  in 
sensitivity  or  processing  gain. 

HIGH  FAR  (5  x lO"®) 


PW 

Pd  = 0.2 

Pd  = 0.5 

Pd  = 0.9 

10  psec 

9 dB 

9.5  dB 

8.5  dB 

2 psec 

6.5  dB 

6.5  dB 

6.5  dB 

1 psec 

3.  5 dB 

3.5  dB 

1.5  dB 

LOW  FAR  (5  X 

10-®) 

PW 

Pj)  = 0.2 

Pj)  = 0. 5 

Pj)  = 0.9 

10  psec 

8.5  dB 

8 dB 

8.5  dB 

2 psec 

6 dB 

6 dB 

6 dB 

1 psec 

2.5  dB 

1.5  dB 

1.5  dB 

These  figures  were  taken  from  the  curves  and  should  be  treated  as  approximate  values 
due  to  the  visual  measurement  potential  inaccuracies  involved.  Furthermore,  the 
performance  is  expected  to  improve  as  the  hardware  becomes  refined. 

Section  VI 

CONCLUSIONS  AND  RECOMMENDATIONS 

The  Walsh  Adaptive  Filter  system  has  demonstrated  its  ability  to  detect  low  SNR 
pulse  signals  and  has  met  or  exceeded  all  the  required  specifications  set  forth  in 
the  Statement  of  Work.  It  is  felt  that  the  WAF  will  assist  the  U.  S.  Air  Force  in 
applications  requiring  the  detection  and  processing  of  low  level  signals,  however, 
the  ultimate  value  of  the  system  can  best  be  determined  by  the  results  of  the  sub- 
sequent test  and  evaluation  phase  to  be  performed  by  the  sponsor. 

A thorough  and  detailed  testing  program  is  recommended  for  the  evaluation  of 
the  WAF  system.  This  program  should  Include  both  simulated  and  real  signals 
using  a variety  of  signal  characteristics.  The  most  imoortant  of  the  system 
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parameters  that  should  be  tested  are  the  probability  of  detection  and  parameter  esti- 
mation (pulse  width  and  position).  The  performance  of  the  unit  in  a variety  of  appli- 
cations such  as  radar  warning,  communications,  telemetry,  TEMPEST,  EUNT 
and  ESM  should  be  evaluated. 

llie  testing  performed  to  date  has  shown  that  the  system  false  alarm  rate  (FAR) 
is  a non-linear  function  of  the  sample  rate.  The  two  available  FAR's  have  been 
adjusted  at  the  highest  sampling  rate  (20  MHz)  to  give  values  of  5.2  x 10-^  and 
4.  8 X 10-^  false  alarms  per  second.  Tlie  values  for  the  other  four  sample  rates  are 
all  less  than  lO-"^  for  both  high  and  low  FAR  settings.  It  is  recommended  that  the 
system  capacity  be  expanded  to  ten  values  such  that  a unique  high  and  low  FAR 
could  be  adjusted  for  each  of  the  five  sample  rates.  This  would  allow  optimum  per- 
formance on  each  of  the  five  operating  ranges. 

As  described  in  Section  HI  of  the  report  the  WAF  system  performance  is  deter- 
mined by  a set  of  forty  (40)  constants  which  have  been  pre-programmed  into  the 
system.  These  constants,  which  determine  the  FAR,  probability  of  detection,  and 
parameter  estimation,  were  adjusted  at  the  20  MHz  sample  rate.  The  versatility 
of  the  unit  could  be  Increased  if  these  constants  could  be  instantly  programmed  by 
the  operator.  This  would  allow  the  system  to  be  "tuned"  for  a different  signal  type 
for  each  sample  rate.  An  interactive  l/O  terminal,  which  would  permit  operator 
programming,  entry  and  readout  of  the  constants  could  be  mated  with  the  WAF  system 
with  a minor  rework  effort.  Furthermore,  it  is  highly  feasible  that  these  WAF 
detection  parameters  could  be  instantly  programmed  by  external  computer,  to  allow 
for  search  vs.  track  modes  and  to  allow  for  establishing  of  pulse  parameters 
priorities  for  uses  that  mission  priorities  are  known. 

The  choice  of  the  five  sample  rate  values  should  be  re-evaluated  as  a result  of 
the  sponsor's  test  results.  Hie  decade  steps  between  the  specified  ranges  appears 
to  be  excessive  and  it  is  felt  that  a more  optimum  selection  of  rates  could  be  made 
based  upon  the  actual  experience  of  the  test  program. 
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APPENDIX  A 

ADAPTIVE  PU15E  FILTERING  PROCESS 
By  J.  VanCleave 

TTie  Adaptive  Pulse  Filtering  Process  (APFP)  is  utilized  to  remove  noise  from 
single  or  multiple  signals  such  as  to: 

1)  Improve  signal-to-noise  ratio  by  typically  10  db  and  as  much  as  25  db. 

2)  Improve  pulse  width  measurement  accuracy  at  low  SNR. 

3)  Improve  pulse  position  (time-of-arrival)  measurement  accuracy  at  low  SNR. 

4)  Improve  pulse  amplitude  measurement  accuracy  at  low  SNR. 

5)  Discriminate  against  nonpulse  signals,  such  as  DC  input  signals.  Inde- 
pendent of  DC  Input. 

6)  Remove  distortion  from  pulse  signals. 

The  APFP  consists  of  five  (5)  elements.  The  elements  are  a)  Analog  to  Digital 
Converter,  b)  Forward  (Fast)  Walsh  Transformer,  c)  Sequency  Spectrum  Processor, 
d)  Inverse  (Fast)  Walsh  Transformer  and  e)  Threshold  Detector. 

The  APFP  operation  is  based  on  the  principle  that  a pulse  signal  can  be  readily 
identified  and  separated  from  noise  by  electronic  analysis  of  the  Walsh  Transform 
of  that  signal.  It  is  the  function  of  the  sequency  spectrum  processor  to  perform  this 
identification/separation  task.  Once  the  separation  is  complete,  the  enhanced 
signal  is  transformed  back  into  the  original  time  domain  by  the  Inverse  (Fast)  Walsh 
Transformer. 

As  an  illustrative  example  of  the  APFP  operation,  consider  a short  interval  of 
time  in  which  256  time  domain  samples  of  noise  and  signal  are  produciHl  by  the 
Analog  to  Digital  Cotuerter  operating  on  the  output  of  a conventional  pulse  receiver. 
Assume  that  a pulse  of  8 samples  duration  is  present,  and  hidden  somewhere  within 
the  256  sample  batch.  By  examination  of  the  Forward  Walsh  Transformer  output, 
all  pulse  information  is  approximately  contained  wthin  the  lowest  32  sequency 
(Walsh  domain)  elements;  therefore,  the  lowest  32  Walsh  domain  elements  arc  re- 
tained, and  the  pulse  is  essentially  recovered,  but  224/256  of  the  noise  is  discarded. 

NOTE 

An  explanation  of  all  the  notations  used  in 
this  appendix  is  given  at  the  conclusion. 
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Figure  A-1.  Adaptive  Pulse  Filter  Block  Diagram 
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GENERAL  OPERATION  OF  APF  PROCESSOR 


The  generalized  block  diagram  of  the  Adaptive  Pulse  Filter  (APF)  is  shown  in 
Figure  A-1.  Analog  video  input  signals  such  as  that  from  the  output  of  either  the 
linear  AM  or  log  AM  (log  IF)  detector  of  a pulse  receiver  are  applied  to  the  Analog 
to  Digital  Converter  (ADC)  portion  of  the  Adaptive  Pulse  Filter  (APF)  Processor, 
where  they  are  sampled  and  converted  to  a serial  stream  of  digital  words.  The 
signal  input  at  point  A is  assumed  to  be  band  limited  to  BW  Hz  by  a low  pass  filter 
function.  The  ADC  sampling  rate  is  programmable  and  is  equal  to  RBW  (R  2 2)  and 
is  typically  4 BW  (R  = 4).  The  serial  stream  of  digital  time  domain  words  is  con- 
verted to  a serial  stream  of  sequency  domain  digital  words  by  a pipeline  Forward 
Walsh  Transformer,  although  any  time  multiplexed  parallel  Walsh  transformer  will 
also  suffice. 


The  Forward  Walsh  Transformer  describes  an  input  time  domain  function  f(t) 
as  a finite  series  of  (N  = ^T)  orthogonal  functions  known  as  Walsh  functions,  as  follows; 

2 

f(t)  = Sq  WAL(0,t)  + a^  SAL  (l,t)  + b^  CAL  (l,t)  4 a^SAL  (2,t)  4 
bg  CAL  (2,t)  4 . . . SAL  (n=N,t)  + b^^^^  CAL  (n=N,t) 


where  ®o  “ J average 


,t)  f(t)  dt 


5^=^  CAL  (n,t)  f(t)  dt 


where  n = 0, 1,2.  . .N 

For  all  above  cases  the  integral  is  replaced  by  a discrete  summation  over  N^ 
samples  in  this  process.  For  a description  of  the  Walsh  functions  SAL  and  CAL, 
the  reader  is  referred  to  pages  3-5,  H.  F.  Harmuth  "Transmission  of  Information 
by  Orthogonal  Functions,"  New  York,  Springer  1969.  Sequency  order  may  be  defined 
as  one-half  of  the  average  number  of  zero  crossings  per  second  of  the  corresponding 
Walsh  function. 

The  serial  data  stream  of  sequency  domain  elements,  in  order  of  advancing 
sequency  (i.e. , lowest  sequency  (n  = 0,  1,  2.  . .N  /2)  first)  appear  at  point  B of 
Figure  A-1.  The  Sequency  Spectrum  Processor  acTs  on  the  sequency  domain 
elements  such  as  to  pass  certain  signal  associated  elements  while  discarding  others. 


i 


1 


1 


,1 

I 

: I 


The  passed  elements  appear  at  point  C of  Figure  A-1  and  are  then  applied  to  the 
Inverse  Walsh  Transformer.  Since  the  Walsh  transformation  is  orthogonal,  hence 
unique  and  complete,  a sampled  time  domain  signal  may  be  forward  transformed  to 
sequency  domain  then  inverse  transformed  back  to  time  domain  without  loss  of 
information,  but  with  a fixed  delay. 

The  retained  sequency  domain  elements  are  thus  inverse  transformed  to  time 
domain  and  appear  at  point  D of  Figure  A-1.  If  the  Sequency  Spectrum  Processor 
were  to  pass  all  N-j.  sequency  domain  elements,  then  the  data  at  point  D would  be 
identical  except  for  a fixed  delay  to  that  at  point  A’.  The  Sequency  Spectrum  Pro- 
cessor does  not  pass  all  sequency  elements  however  (N,p/R  maximum),  hence  the 
filtering  action.  This  filtering  performance  is  dependent  upon  certain  threshold 
selection  parameters  applied  to  the  Sequency  Spectrum  Processor, 

A time  domain  threshold  detector,  acting  to  clip  noise  products,  is  used  after 
inverse  transformation,  resulting  in  the  filtered  output  signal  at  point  E of  Figure 
A-l.  This  time  domain  threshold  setting  is  also  determined  by  the  Sequency 
Spectrum  Processor, 

The  entire  APF  Processor  can  be  implemented  either  in  digital  hardware  form 
or  computer  software  programmed  hardware  form,  with  a fixed  "pipeline"  delay 
between  raw  input  data  and  filtered  output  data.  The  APF  process  can  also  lx? 
implemented  in  analog  form,  but  would  be  highly  inefficient  in  terms  of  cost  and 
performance. 

Figures  A-2  to  A-11  show  the  APF  process  at  all  critical  stages.  Figure  A-2 
is  a block  of  256  samples  of  a high  signal-to-noise  ratio  (SNR)  pulse  with  width  of 
8 samples,  such  as  is  seen  at  point  A of  Figure  A-l.  Figure  A-3  is  the  256 
(N„  = 256)  element  sequency  domain  of  this  pulse  such  as  would  appear  at  point  B 
of  Figure  A-l,  in  sequency  order.  The  first  32  samples  are  associated  with  the 
pulse,  the  remainder  are  primarily  associated  with  noise.  The  Sequency  Spectrum 
Processor  will  pass  only  the  first  32  elements,  resulting  in  the  signal  of  Figure 
A-4  which  corresponds  to  what  would  appear  at  point  C of  Figure  A-l.  After  inverse 
transformation,  the  filtered  time  domain  signal  of  Figure  A-5  results,  such  as  would 
appear  at  point  D of  Figure  A-l.  This  signal  is  then  thresholded,  resulting  in  the 
signal  of  Figure  A-6,  such  as  would  appear  at  point  E of  Figure  A-l.  Figure  A-6 
thus  depicts  the  reconstructed,  filtered  version  of  the  signal  of  Figure  A-2. 

Figure  A-7  shows  the  same  input  signal  (point  A)  but  at  a lower  SNR.  Its  transform 
(point  B)  is  shown  in  Figure  A-8.  The  filtered  sequency  domain  output  (point  C) 
is  shown  in  Figure  A-9.  ITie  inverse  transform  (point  D)  is  showi  in  Figure  A- 10 
and  the  thresholded  output  (point  E)  is  shown  in  Figure  A-11.  Figures  A-7  to  A-11 
show  the  powerful  nature  of  sequency  domain  processing  such  as  to  sort  signals 
(especially  pulses)  from  noise. 
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'11)0  procoHH  Jh  Indopondont  of  tho  IK'  lovol  at  point  A;  tho  stHjiuMicv  ihroHhoId 
doo8  not  utlltzo  tho  IK’  lovoI  Information  and  tho  timo  throaholdlnn  nilaplivoly  adjusts 
for  I)(’  lovol.  'rhls  oharaotorlslio  1)  oliminatos  <'rlllonl  oalihralion  adjust mont  of  tho 
IK'  output  of  a rooolvor  and  2)  provonts  throshold  doKrndation  duo  to  I)('  shift  from 
prosonoo  of  a (’W  signal  at  tho  rc'oolvor  Input. 

Tho  proooss  is  optimi/.od  for  hut  not  rostrlotisl  to  rootannular  pulsos.  If  othor 
shapixl  pulsos  aro  rooolvod,  the  prooossor  will  pass  additional  soquonoy  olomouts 
such  as  to  adaptlvoly  dctoot  both  position  and  width. 

IMUNCIPLK  OF  OPKUA  TION  OF  SIXjUKNt’Y  SIMX’  l’UUM  PHtU’KSSOlI 

Tho  previous  FlKuros  A-2  to  A- 11  showo<l  the  results  t)f  soquoiu'v  domain 
filtortnK  of  noisy  pulse  siKnals.  Tho  key  prinoiplo  of  o|H'ration  oonlors  around  the 
toohniquos  and  oiroults  that  sot  tho  dooislon  thrt'sholds  for  tho  si>quoi\oy  prooossluK; 
that  is,  tho  apparatus  that  automatloally  and  adaptlvoly  dlotatos  Just  whl»-li  s<>(iut>iu  v 
linos  aro  rotalnod  for  inverse  t ransfornuition  with  all  others  Ih'Iiik  l)lankod, 

'11)0  soquonoy  spootrum  prooossor  op«’ratos  as  follows: 

1)  It  examines  all  N-p  saniplos  of  tho  Porward  Walsh  ITansfornu'r  outinit  and 
oaloulatos  X avorajro  rootlflcnl  (si^ial-plus-tuiiso)  lovol  ratios. 

2)  It  oomparos  all  soquonoy  samples  pij)  to  thresholds  ( I'y^jj)  wliioh  an'  (iro- 
proKi’ammod  multiples  of  tho  alH>V('  avorjjjjo  ratios,  slartinn  with 
KtHiuonoy  sample  (j  1)  and  lnoroasin>j  monotonioally  to  Iho  hinhosl 
soquonoy  sample  (j  N j.). 

2)  Sam|)los  suffloiontly  above  Iho  throshold  value  ai'o  kept;  all  others  aro 
disoardod. 

•1)  W1)otiovor  several  (Kjj)  suooossivo  so(juonoy  samples  an'  disoanh'd,  all 
bdlowiuK  samtdos  aro  automatloally  disoardod  ronanlloss  of  amplitude. 

r>)  In  addition  to  soquonoy  spootrum  proo«'salnK,  it  provides  a time  domain 
throshold  (T  IP)  for  prooessiuK  all  time  domain  samples  (!)  ) after  tlu' 
Inverse  Walsh  Transforni  has  taken  i)Iaoo. 

Item  1)  is  key  to  tho  proooss  booauso  it  provides  the  si(<:nal  analysis  Inform.illon 
whioh  sots  up  tho  prooosslnn:  thi'osholds.  This  analysis  Is  basnl  on  a known 
(lifforonoo  In  soquonoy  spcoti'um  between  noise  only  oonditions  and  noiso-t>lus-puls«' 
conditions. 
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. NOISE  ANALYSIS 


j In  the  noise  only  case,  the  sequeney  spectrum  has  a Gaussian  amplitude  proba- 

i bility  distribution  for  Gaussian  time  domain  input  noise.  Figure  A-L2  shows  a 

typical  random  noise  time  domain  input,  approximately  Gaussian,  and  of  wide  l)and- 
width  due  to  N,jy2  independent  samples  (for  example  a 20  MHz  noise  bandwidth 
sampled  at  40  MHz).  As  illustrated  in  Figure  A-12,  there  are  128  independent 
samples  in  the  N,p  = 256  sample  block.  The  sequeney  domain  of  this  noisy  signal  is 
j shown  in  Figure  A- 13,  and  illustrates  the  following  general  conditions. 

a)  iTie  wideband  noise  sequeney  domain  amplitude  has  relatively  constant 
statistics  (average,  variance)  over  the  first  N,jy2  samples  (128  in 
Figure  A-13)  and  slightly  lower  amplitude  statistics  in  the  last  N,jy2 
' samples,  lire  point  at  which  the  noise  level  drops  in  the  sequeney  domain 

i is  highly  dependent  upon  the  input  noise  bandwidth  as  will  be  later  illus-  j 

j t rated.  i 

1 I 

'«  ] 

I b)  Very  little  "clumpnig"  of  sequeney  lines  occur,  that  is,  several  lines 

having  a high  approximately  equal  value.  Thus,  there  exists  no  con- 
i' centration  of  energy  around  any  particular  sequeney  value. 

1 

[’  The  Adaptive  Pulse  Filter  will  operate  over  a very  wide  variety  of  input  band- 

; l widths,  however,  the  processor  decision  parameters  must  be  programmed  for  each 

■ input  bandwidth.  That  is,  the  processor  la  normally  calibrated  and  aligned  with  the 

recelverfs)  with  which  It  is  to  operate. 

; ' I 


Figure  A- 14  shows  a somewhat  less  broadband  noise  input  of  N,.y4  independent 
samples  (64).  'Ihis  noise  has  no  relationship  with  that  of  Figure  A-l2.  Figure  A-15 
shows  the  sequeney  domain  of  the  noise  of  Figure  A-14.  The  sequeney  spectrum 
statistics  are  constant  out  to  about  the  64th  sample,  whereupon  they  drop  and  drop 
again  after  the  128th  sample. 

Figure  A- 16  shows  even  narrower  "broadband"  noise  of  N,,y8  Independent 
samples  (32).  This  relates  to  a 5 MHz  low  pass  filtered  video  input  to  a 40  MHz 
sampling  rate  APF,  which  is  unusually  low  but  illustrates  the  dependence  of  the 
noise  analysis  mode  thresholds  on  the  input  bandwidth.  Figure  A-17  shows  the 
sequeney  domain  of  the  signal  of  Figure  A- 16.  The  sequeney  specti'um  statistics 
are  now  constant  to  about  the  32nd  sample,  at  point  which  they  drop,  and  drop  again 
after  the  64th  and  128th  samples. 

Ilie  above  noise  analysis  discussion  and  illustrations  are  only  intended  to  provid*' 
a background  and  insight  Into  the  sequeney  domain  analysis  (Item  1).  Gf  course,  in 
dealing  with  random  variables,  it  Is  possible  that  extremely  rare  setpiency 


spectrurns  of  any  amplitude  and  position  can  occur.  A collection  of  noise  samples 
can  rarely  resemble  a pulse,  but  when  this  occurs  the  APF  prm'essor  will  treat  It 
as  such,  as  wmild  anv  conventional  pulse  detector.  Any  detector  perft>rmnni'e  can 


be  described  in  terms  of  a receiver  operating  characteristic  (ROC,  H.  L.  Van 
Trees,  "Detection,  Estimation,  and  Modulation  Theory,  Part  1,  "Wilqr,  New  York, 
j p 36-40),  which  describes  true  detection  vs  false  alarm  performance.  The  powerful 

aspect  of  the  APF  processor  is  that  for  a fixed  false  alarm  probability  (for  example) 
the  true  detection  probability  is  much  higher  than  that  of  more  conventional  de- 
I tectors  such  as  the  fixed  threshold  detector. 

i NOISY  PUI^E  ANALYSIS 

1 The  recognition  of  pulse  presence  in  the  sequency  domain  is  based  on  the  following 

observation: 

"Given  a sequency  block  of  N^  samples,  which  contains  a pulse  of  width  W,  then 
the  information  describing  the  pulse  width  and  position  is  approximately  contained 
in  the  lowest  (N^W)  Walsh  sequency  domain  elements."  For  the  examples  in 
Figures  A-2  to  A-11,  the  pulse  width  W was  8 samples,  N^  was  256;  hence, 
most  of  the  necessary  pulse  position  and  width  information  was  contained  in  the 
:j  lowest  256/8  = 32  elements. 

The  above  observation  can  be  mathematically  proven  to  also  relate  the  fact  that 
the  lowest  (N^W)  elements  can,  at  worst  case,  provide  a pulse  position  and  width 
error  of  W/2  samples.  This  is  due  to  the  fact  that  the  Walsh  transform  is  not  shift- 
invariant;  that  is,  a pulse  of  width  8 samples  centered  at  the  lOOth  sample  has  a 
^ different  sequency  spectrum  than  one  of  width  8 samples  centered  at  the  101st  sample, 

etc.  The  information  necessary  to  position  the  pulse  to  within  W/4  samples  re- 
quires the  lowest  (2  N,j/W)  elements  at  worst  case.  Thus,  a fixed  low  pass  sequency 
filter  function  will  not  suffice  to  detect  a pulse.  The  APF  functions  adaptively  such 
as  to  allow  more  sequency  elements,  hence  higher  position  and  width  accuracy  at 
high  signal-to-noise  levels  yet  provide  reliable  detection  with  low  false  alarm  rates 
(but  somewhat  lower  wridth  and  position  accuracies)  for  weak  pulses  that  ordinarily 
would  be  totally  undetectable. 

Thus,  when  a pulse  of  width  W is  present,  the  sequency  domain  statistics 
drastically  change  from  that  of  broadband  noise;  in  particular,  the  lowest  (N_/W) 
i'  sequency  elements.  It  is  the  function  of  the  APF  processor  (Item  1)  to  detect  this 

statistical  change,  and  now  armed  with  the  above  background  information,  we  are 
ready  to  describe  this  process. 

SEQUENCY  ANALYSIS  PROCESS 

Referring  to  the  block  diagram  of  Figure  A-18,  the  Sequency  Analysis  portion  of 
the  APF  processor  is  that  portion  between  points  B (Walsh  Transform  output)  and 


B*  (Threshold  outputs).  This  portion  calculates  all  sequency  processing  thresholds 
plus  the  time  domain  (post  Inverse  Walsh  transform)  threshold  (Item  5).  It  is  to  be 
recognized  that  the  Forward  and  Inverse  Walsh  Transformers  are  of  the  serial 
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in-serial  out  "pipeline"type.  Both  the  Forward  transformer  output  and  Inverse 
transformer  input  sequency  elements  are  in  terms  of  advancing  sequency;  i.e. , of 
sequency  (DC),  the  next  of  sequency  1 (SAL(l,t)),  the  next  of  sequency  2 (CAL(2,t)), 
then  sequency  2 (SAL(2,  t)),  etc.  A memory  of  words  delays  the  data  until  all 
thresholds  are  calculated.  The  number  D.  is  the  number  of  word  clock  cycles  re- 
quired for  the  analysis  time.  * 

The  Sequency  Analysis  portion  of  the  APF  processor  calculates  a number  re- 
lating to  the  total  energy  in  the  data  block.  It  can  be  shown  by  Parseval's  theorem 
that  the  RMS  value  (power)  of  all  N ^ time  domain  values  is  equal  to  the  RMS  value 
of  all  sequency  domain  values,  with  a constant  scale  factor.  The  RMS  measure- 
ment operation  can  be  utilized  in  the  processor,  however,  it  has  been  found  that 
the  average  of  all  rectified  sequency  domain  values  is  simpler  to  calculate  with 
negligible  loss  in  decision  accuracy. 

Either  the  rectified  average  or  RMS  of  all  elements  is  calculated,  as  well  as 
the  rectified  average  or  RMS  of  the  first  N,  elements,  the  first  N_  elements,  etc., 
up  to  the  first  elements.  The  ratio  ofthe3ms  of  the  first  Nj  and  all  N is 
c^c^ated  re^mng  in  the  single  number  N^/N^.  Similarily  the  values  of  ^ 

Ng/N^  up  to  are  calculated.  If  there  were  only  noise  present,  and  if  the 

nois^were  broad^nd  as  per  Figures  A-12  and  A-13,  then  all  values  of  , 

Ng/NT  . . . would  tend  to  unity ,_re^esenting  flatness  of  sequency  domain 

stat^ics.  If  for  example,  the  value  of  N^/N^  were  equal  to  2. 0,  however,  with 
Ng/NT  being  perhaps  1.2  and  all  others  near  unity,  then  it  is  most  probable  that  a 
noisy  pulse  is  present  having  a width  of  approximately  Nrp/Nj  samples. 

Typically  at  least  two  averages  are  calculated,  with  three  being  most  common. 
Each  average  is  chosen  to  optimize  the  expected  pulse  width.  For  example,  using 
an  = 256  point  block  with  sample  rate  at  40  MHz  (one  sample  every  25  ns),  and 
an  expected  signal  environment  of  pulse  widths  of  between  100  ns  and  5000  ns,  then 
a value  of  Nj  =6  and  N2  = 30  works  well  but  values  of  Nj  =4,  Ng  = 12  and  Ng  = 48 
is  more  consistent.  The  approximate  matched  value  is  Nj^  = Nj/W^,  thus  for  our 
example  if  0. 4 microsecond  (16  sample)  pulses  were  expected  a value  of  = 256/ 

16  = 16  would  be  optimum.  The  peaks  of  each  averager  output  vs  pulse  width  are 
reasonable  broad  over  about  three  octaves  8:1)  thus  a minimum  configuration  would 
require  Q number  of  averages  with 

W 

Q = 1/3  log^^^-^.-  ) 

min 

with  W the  maximum  pulse  width  and  W . the  minimum. 

max  mm 
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The  values  of  Njj/N-p  (x  = 1,  2,  3 ...  X)  are  then  compared  to  a preset  thres- 
hold Pjj.  The  values  of  In  general  decrease  as  x Increases  because  1)  the  variance 
of  the  average  decreases  as  more  independent  noise  samples  are  used  and  2)  the 
presence  of  a pulse  (for  a fixed  signal-to-noise  ratio)  becomes  more  difficult  to 
detect  at  narrower  widths  (higher  Nj^)  because  the  pulse  energy  is  dispersed  over  more 
scquency  elements.  Also,  as  the  value  of  Njj  approaches  a noise  corner  (such  as 
shown  in  Figures  A-15  and  A-17),  then  the  value  of  must  be  modifietl  to  compensate 
for  a nonflat  sequency  spectrum. 

The  values  of  Pjj  can  be  set  up  in  field  operation  in  conjunction  with  a receiver 
for  a given  false  alarm  rate  by  monitoring  the  comparator  output  with  a digital  fre- 
quency counter  and  accordingly  adjusting  P^^.  Ordinarily,  each  P^^  is  set  for  equal 
contribution  to  the  required  false  alarm  rate;  but  priorities  may  establish  other  than 
equal  weightings. 


I 


'Ihe  comparators  thus  examine  each  value  of  Nj^/N^P  in  relation  to  Pj^  and  decide 
as  to  the  presence  or  absence  of  a signal.  The  longer  pulses  (lowest  x)  is  examined 
first;  if  more  is  found  then  x increments  to  look  for  shorter  pulses;  if  none  is  found 
for  X - X then  all  sequency  spectrum  elements  are  blanked  with  the  exception  of  the 
DC  value  (sequency  0)  which  is  always  retained  to  prevent  DC  discontinuity  (flicker) 
for  display  purposes. 

If  a particular  exceeds  P*^,  then  i is  not  advanced,  and  two  thresholds  are 

generated  1)  a value  T^,  the  sequency  domain  threshold  and  2)  a value  Cgj^,  the 
post  transformation  time  domain  threshold.  These  thresholds  ;^pear  at  B'  in 
Figure  A- 18.  The  value  of  T^  is  equal  to  a multiple  (C^^)  of  N^,,  with  C^» 
typically  between  1.1  and  4.0.  For  example,  if  25(>  with  broadband  noise,  then 
N'p/256  represents  the  average  value  of  a sequency  element;  the  elements  containing 
’’detectable”  signals  are  usually  a least  1. 1 times  the  average,  thus  a value  of 
Cy^  = 1.5/256  would  be  typical.  Again,  the  values  of  C^  are  dependent  upon  the 
noise  bandwidth.  If  C ajj  too  low  then  too  many  sequency  elements  will  be  passed 
and  a noisy  output  and/or  multiple  false  pulses  can  occur.  If  is  too  high  then 
too  few  sequency  elements  will  be  passed  and  pulse  position  and  width  inaccuracy 
may  result. 

\\’hichever  mode  (value  of  x)  is  chosen,  the  appropriate  enabling  line  Kj^  is 
energized;  if  none  is  chosen  then  no  line  is  enabled  and  all  sequency  elements  other 
than  DC  are  blanked. 

SEQUENCY  SORTING  PROCESS 


The  Sequency  Sorting  Process  operates  on  the  sequency  domain  (delayed)  data 
(aj)  from  the  Forward  Walsh  Transformer  based  on  the  thresholds  calculated  pre- 
siously  during  the  sequency  analysis  process. 
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The  sorting  process  operates  on  rectified  integrated  sequency  data;  that  is  each 
sequency  element  is  rectified  and  added  to  the  sum  of  the  next  sequency 

elements,  and  this  total  sum  compared  to  (M^.  the  threshold.  This  integration 
is  necessary  in  order  to  circumvent  gaps  in  the  sequency  spectrum  for  pulses  of 
narrow  width  at  certain  positions.  A pulse  does  not  always  provide  a low  pass  block 
of  sequency  lines  as  in  Figure  A-3;  under  certain  pulse  conditions  there  exist  gaps. 

The  integration  length  is  preset  for  each  of  the  x number  of  modes  available 
as  controlled  by  the  sequency  analysis  process.  Typical  values  of  Mjj  for  the  previous 
example  Nj  = 256,  ' 6,  N2  ' 30  is  =6,  Mg  ~ 10. 
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Per  Figure  A-18,  cells  are  integrated,  resulting  in  a delayed  data  stream 

SjxJ  = 1, 2, 3. . , (Nq>-M^).  The  integrated  ajjj  data  is  normalized  by  dividing  by  Mjj 
and  compared  to  (Ty^);  if  ajjj  %T^  then  the  counter  is  not  advanced,  but  is  reset. 

The  counter  counts  K integrated  data  words  a|jj  below  the  T^  threshold,  and 
is  reset  by  an  above  thre^old  condition.  This  action  simply  looks  for  Kx  succes- 
sive Integrations  below  threshold  (typically  3);  when  it  occurs,  all  higher  sequency 
elements  are  blanked.  That  is,  the  processor  has  determined  that  the  sequency 
block  associated  with  a data  pulse  has  ended. 

Each  of  the  aj  sequency  elements,  after  being  properly  delayed  by  Delay  Memory 
D2xt  Is  compared  to  a threshold  equal  to  T^.  The  value  of  is  typically 
between  1.1  and  1.8.  If  a sufficiently  high  amplitude  sequency  element  is  present, 
then  it  will  be  passed  provided  that  the  counter  has  not  been  filled.  Per  the  gate 
logic  of  Figure  A-18,  if  ajth  element  is  below  the  Cqjj*  threshold,  then  the 
following  AND  gate  is  inhibited,  and  the  ajth  element  is  blanked.  If  aj  is  above 
threshold,  then  the  aj  element  is  passed,  provided  that  the  Kjj  counter  Is  not  filled. 

When  the  counter  decoder  indicates  that  Kj^  successive  drop-outs  are  present, 
then  the  flip-flop  is  set  such  as  to  inhibit  data  for  the  remainder  of  the  sequency 
block,  which  is  then  reset. 

Figure  A-9  showed  the  effect  of  thresholding  on  the  noisy  data  of  Figure  A-R. 
The  processor  has  blanked  the  2nd,  2lst,  22nd,  23rd  and  37th  line,  then  the  pulse 
block  has  ended.  From  Figure  A-3,  we  know  that  the  data  block  really  ended  at  the 
33rd  line;  however,  noise  statistics  prevented  the  processor  from  determining  this 
until  the  39th  line,  and  by  examination  of  Figure  A-8  it  is  apparent  that  significant 
noise  energy  exists  between  the  33rd  and  39th  lines.  (This  is  due  to  the  integrate 
M^  cells  in  conjunction  with  "NO"  counter. ) 

The  switch  function  in  the  sequency  sorting  portion  of  Figure  A-18  operates  on 
the  data  fter  appropriate  delay  of  (Dix'^^2x^  words,  which  assures  that  the  total 
delay  through  the  Sequency  Sorting  Processor  will  be  constant,  independent  as  to 
which  mode  of  Integration  and  threshold  parameters  are  selected  by  the  sequency 
analysis  processor. 
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The  data  at  point  C is  thus  that  of  Figures  A-4  and  A-9,  and  is  ready  for  inverse 
Walsh  transformation,  after  whieh  the  time  domain  signal  appears  as  in  Figures  5 
and  10.  Since  the  sampling  rate  is  sufficiently  high  such  that  the  shortest  pulse  is 
sampU'd  It  times  (11  ->2  and  typically  4)  then  the  sequency  signal  spectrum  is 
approximately  containetl  below  Nrj./R  sequency;  thus  only  the  lowest  N.jyH  sequency 
elements  are  retained  at  maximum.  This  can  greatly  simplify  the  Inverse  Walsh 
Transformation  due  to  essentially  eliminating  of  the  first  log2H  tiers  of  the  log^N, . 
process  (i.e. , for  N-,.  250  and  R 4,  the  first  two  of  the  eight  FWT  tiers  are"  * 

grossly  simplified).  R is  a binary  integer,  1,2,4,  etc.  (Ordinarily,  log.,N,|,  tiers 
are  necessary  in  an  FWT. ) 

riMK  THRKSHOLDING  PROCESS 

The  time  domain  signals  of  Figures  A-5  and  A-IO  represent  se(iuency  domain 
filtered  pulse  signals.  Figure  A-10  is  particularly  instructional  because  it  shows 
the  prominence  of  the  filtered  pulse  and  the  attenuated  baseline  clutter.  I’hres- 
holding  of  the  signal  of  Figure  A-10  will  produce  a clean  reconstruction  of  the  pulse, 
as  showm  in  Figure  A-11.  The  proper  setting  of  the  threshold  TH  is  at  some  ratio 
of  the  peak  to  average  difference  of  the  filtered  signal,  such  as  50%  (a  typical 
value).  In  the  example  of  Figure  A-10,  the  positive  peak  (PD)  is  at  +50,  the  average 
(DC)  is  0,  thus  the  peak  to  average  difference  is  50,  the  50%.  threshold  TH  would  be 
at  25.  Since  IX"  0,  TH  = 25,  allowing  excellent  reconstruction. 

Instead  of  using  the  zero  baseline,  the  negative  peak,  which  is  known,  could  be 
used  and  the  threshold  TH  set  at  (55%  of  the  positive  peak-to-negative  peak  ratio, 
which  is  also  at  25. 

The  peak  of  the  filtered  time  domain  must  be  determined  in  either  case.  A 
memory  of  N.j,  words  must  be  provided  to  appropriately  delay  the  data  until  the  peak 
is  found  by  the  peak  detector  of  Figure  A-18.  The  DC  value  is  the  value  of  the 
lowest  sequency  (n-0)  term,  which  is  picked  off  before  the  Inverse  Walsh  Trans- 
former, stored  during  peak  scanning,  and  applied  to  the  subtractor  and  adder  such 
as  to  result  in  the  DC  level  compensating  threshold  TH'  = (PD-DC)  Cgjj+  DC.  If 
any  time  domain  sample  in  the  block  is  above  this  threshold,  it  is  set  to  the  value 
of  PD;  otherwise  it  is  set  to  zero. 

GENERALITIES  OF  THE  PROCESS 


The  previously  descrilied  process  for  recognition  of  a pulse  signal  of  unknowii 
amplitude,  width  and  position  is  ai  sieved  i)y  transformation  into  an  orthogonal 
domain  so  as  to  1)  eliminate  the  position  variable  (all  pulses  in  time  domain  produce 
low  sequency  "clumping'),  and  2)  easily  isolate  the  wddth  variable  (by  integration 
from  sequency  0 up  to  M,^)  such  that  the  detection  problem  is  reduced  to  amplitude 
detection  only  (thresholding).  The  sequency  domain  (Walsh  Transformation)  is 
shown  to  be  very  well  suited  for  pulse  processing,  for  two  major  reasons  1)  the 
square- wave-like  Walsh  functions  are  similar  in  format  to  the  rectangular-like 
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pulses  found  in  radar  and  telemetry  and  2)  the  (Fast)  Walsh  Transform  hardware 
results  in  the  simplest  orthogonal  transform  circuit  implementation.  Nevertheless, 
the  basic  technology  of  Adaptive  Pulse  Filtering  can  be  accomplished  in  other 
orthogonal  domains,  such  as  Fourier,  Haar,  Rademacher,  etc. 

EXPLANATION  OF  NOTATION.  ADAPTIVE  PULSE  FILTERING  PROCESS 

R = No.  of  samples  for  the  shortest  pulse  of  interest.  Also,  since  the  video 
bandwidth  in  Hz  is  assumed  to  be  at  least  equal  to  the  reciprocal  of  the 
shortest  pulse  in  seconds,  then  R is  the  ratio  of  sampling  rate  to  video 
bandwidth.  R is  typically  equal  to  4,  hence  for  a 40  MHz  sample  rate  (one 
sample  every  25  ns),  pulses  as  short  as  0. 1 ^sec  (100  ns)  can  be  accommo- 
dated, provided  that  the  video  input  bandwidth  is  a min  of  10  MHz. 

N j - No.  of  time  domain  samples  per  block,  also  equal  to  the  number  of  sequency 
domain  elements  per  block. 

n = A variable,  indicating  sequency  number  of  each  Walsh  function,  in  zero 

crossings  per  block.  Each  sequency  number  has  two  functions  (elements): 
SAL  (n,t)  which  is  an  even  function  and  CAL  (n,t)  which  is  an  odd  function. 

An  exception  Is  sequency  number  0 which  has  only  CAL  (o,t),  also  called 
WAL  (o,t). 

t=  Available,  representing  time. 

N = Highest  sequency  number  present.  Also  equal  to  N,p/2.  Thus,  for  an 

N j = 256  element  transform  the  highest  sequency  number  present  is  SAL 
(128,t). 

a^  = The  SAL  function  of  sequency  number  n. 
bn  = The  CAL  function  of  sequency  number  n. 

X = The  total  number  of  modes  of  operation  of  the  sequency  spectrum  processor. 
Each  mode  consists  of  1)  an  analysis  integration  over  N^  sequencs^el^ents 
resulting  in  the  word  Njj,  2)  an  analysis  threshold  comparison  of  Nj/N-j.  to  a 
programmed  threshold  P^^,  3)  a mode  processing  enable  decision  E^t  based 
on  the  sequency  domain  analysis,  4)  a calculation  of  a sequency  domain 
threshold  T^,  6)  a selection  of  a preprogrammed  time  domain  threshold 
multiplication  factor  T^,  6)  a sorting  integration  over  Mx  sequency  elements 
resulting  in  the  word  which  is  compared  to  the  factor  T^.  and  7)  a below 
threshold  word  counter  of  length  K^. 

X = A variable.  Indicating  the  particular  mode  chosen  for  discussion  l£  x < X. 
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NOTATIONS  PARTICULAR  TO  THE  SEQUENCY  ANALYSIS  PROCESSOR 

N^  = The  number  of  sequency  elements  integrated  in  the  xth  mode  in  the 

sequency  analysis  processor.  This  integration  always  starts  with  the 
n = 1th  element  and  ends  at  the  N^th  sequency  element. 

Njj  - A number  equal  to  the  sum  of  the  Njj  sequency  elements  (except  for  DC, 
WAL  (o,t))  integrated  in  the  sequency  analysis  processor. 

N^  = A number  equal  to  the  sum  of  all  N_  sequency  elements  (except  DC  (WAL 
(o,  t))  in  the  block. 

Pjj  The  preprogrammed  threshold  level  applied  to  N^  the  sume  of  the  first 

N^  sequency  elements  integrated  in  the  sequency  analysis  processor. 

E = The_enable  line  for  the  xth  mode,  which  is  a direct  result  of  the  fact  that 
” ‘ '’x 

C^  = A preprogrammed  constant  which  is  used  to  calculate  the  sequency  domain 
threshold  of  the  xth  mode. 

T^  = The  sequency  domain  thr^hold  of  the  xth  mode,  which  is  precisely  equal 
to  the  product  of  C^and  N^. 

Cg^  = A preprogrammed  constant  which  is  used  to  calculate  the  time  domain 

threshold,  occurring  after  the  Inverse  Walsh  Transformer.  The  value  of 
C„  is  dependent  upon  x,  the  mode  chosen  by  the  sequency  analysis  pro- 

BX 

cessor. 

NOTATIONS  PARTICULAR  TO  THE  SEQUENCY  SORTING  PROCESSOR 

- The  number  of  elements  integrated  in  the  Sequency  Sorting  integrator.  The 
integrator  is  a sliding  type,  adding  the  previous  (M^^  -1)  elements  to  each 
new  element. 

J = A variable,  indicating  the  Jth  element  of  the  sequency  data  stream  within 

the  Sequency  Sorting  Processor,  after  the  appropriate  delay.  (I  < j < N^) 

a.  = Ihe  sequency  element  data  stream,  consisting  of  a^,  followed  by  b^, 
followed  by  a2,  followed  by  b2  up  to  aj^  (J  = N^). 

a.  = The  rectified.  Integrated  and  normalized  sequency  element  data,  after 
being  rectified.  Integrated  over  cells,  and  divided  by  M^. 
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A number  representing  the  delay  expressed  by  the  number  of  clock  samples, 
for  mode  x.  This  function  acts  such  as  to  delay  the  sequcncy  domain  data 
stream  during  the  sequency  analyses  process  prior  to  sorting. 

Dx2  = A number  representing  the  delay,  expressed  by  the  number  of  clock  samples, 
for  mode  x,  that  serves  to  match  up  the  delays  for  all  x modes,  such  that 
the  total  delay  through  the  sequency  Spectrum  Processor  is  the  same  for 
all  X modes. 

= A preprogrammed  constant,  used  in  setting  the  sequency  element  thres- 
hold at  a value  equal  to  C„.  T , for  each  mode  x. 

^ • Ax 

K - A preprogrammed  constant,  setting  the  maximum  number  of  consecutive 
times  that  the  rectified,  integrated  normalized  sequency  element  data 
(ajjj)  is  below  the  threshold,  prior  to  setting  all  remaining  sequency 
elements  to  zero. 

NOTATIONS  PARTICULAR  TO  THE  TIME  THRESHOLDING  PROCESSOR 

b^  = The  reconstructed  time  sample  data  stream,  after  exiting  from  the  inverse 

Walsh  Processor  and  after  a delay  of  N samples. 

T 

PD  = The  peak  (largest  value)  of  the  (Nj  size)  block  of  time  domain  samples 
(b^). 

DC  = The  average  value  of  the  (N^  size)  block  of  time  domain  samples  (b^), 
which  is  equal  to  WAL(o,t). 

TH  = The  time  domain  relative  threshold  value,  prior  to  the  addition  of  the  DC 
baseline  TH  = (PD-DC)C„  . 

oX 

TH'  = The  time  domain  absolute  threshold,  equal  to  TH+DC. 
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MISSION 

of 

Rome  Air  Development  Center 


RADC  plant  and  conducts  raaaatch,  axploratory  and  advanoad 
davalopamnt  program  in  caammnd,  oontroi#  and  comanicationa 
fC^}  activitiaaf  and  in  tha  araam  of  informatioti  seianeaa 
and  intalliganca.  Tha  principal  tachnlcal  Mission  araaa 
ara  eomatnications,  alactromagnatic  guldanca  and  control , 
aurvaillanca  of  ground  and  aaroapaca  objacta,  intalliganca 
data  eollaction  and  handling,  inforwmtion  systan  tachnologg, 
ionoapharic  propagation,  aolid  atata  aciancaa,  micromva 
phgaica  and  alaetronic  raliabilitg,  amintainahilitg  and 
compatihilitg . 


